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Abstract

:

Featured Application


Combining of temporal convolutional network classifier and improved HSMM model for heart sound segmentation.




Abstract


Heart sound segmentation (HSS) is a critical step in heart sound processing, where it improves the interpretability of heart sound disease classification algorithms. In this study, we aimed to develop a real-time algorithm for HSS by combining the temporal convolutional network (TCN) and the hidden semi-Markov model (HSMM), and improve the performance of HSMM for heart sounds with arrhythmias. We experimented with TCN and determined the best parameters based on spectral features, envelopes, and one-dimensional CNN. However, the TCN results could contradict the natural fixed order of S1-systolic-S2-diastolic of heart sound, and thereby the Viterbi algorithm based on HSMM was connected to correct the order errors. On this basis, we improved the performance of the Viterbi algorithm when detecting heart sounds with cardiac arrhythmias by changing the distribution and weights of the state duration probabilities. The public PhysioNet Computing in Cardiology Challenge 2016 data set was employed to evaluate the performance of the proposed algorithm. The proposed algorithm achieved an F1 score of 97.02%, and this result was comparable with the current state-of-the-art segmentation algorithms. In addition, the proposed enhanced Viterbi algorithm for HSMM corrected 30 out of 30 arrhythmia errors after checking one by one in the dataset.
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1. Introduction


Cardiovascular diseases are the main noncommunicable diseases and they contribute to more deaths than all other causes combined [1]. Cardiac auscultation is the most common and cost-effective noninvasive screening method for heart conditions. Despite its universality, auscultation is a difficult technique that requires sufficient experience. Only around 20% of medical interns can effectively perform auscultation [2,3]. Automatic algorithms for auscultation can make the subjective experience of the auscultation technique objective and simplify the mastery of auscultation.



The segmentation of heart sounds is important for improving algorithms for classifying heart sound diseases [4]. One heart sound cycle is generally divided into four states and the states have a fixed order comprising the first sound (S1), systole, the second sound (S2), and diastole, as shown in Figure 1a. S1 is mainly caused by mitral and tricuspid valve closure, and S2 is mainly caused by aortic and pulmonary valve closure. Normally, no sounds appear during systole and diastole, but heart murmurs may appear in systole and diastole to indicate heart diseases, such as valve diseases [5], as shown in Figure 1b.



The two main difficulties that affect heart sound segmentation (HSS) are individual differences and various types of noise. Individual differences such as the frequencies, amplitudes, and durations of heart states may vary according to the physical conditions. The noises introduced in the heart sound signal collection process include breath sounds, ambient noise, and friction sounds caused by shaking. In addition, heart sound signals can be affected by the filtering effects of electronic stethoscopes depending on the filter circuit, material, and shape of the sampling device employed. Thus, the HSS task requires extracting the unique features of S1 and S2 in the heart sound signals, and distinguishing them from various noises.



The previously proposed HSS algorithms were divided into three steps comprising feature extraction, feature classification, and state annotation, and simplified summaries of these methods are shown in Table 1. Most algorithms mainly use envelope information and time-frequency information for feature extraction. The envelope and time-frequency features were extracted because the signal amplitudes of S1 and S2 were relatively strong in normal heart sounds, and the frequencies of S1 and S2 mainly fell within a certain range [2]. However, two problems may affect the search for peaks based on the envelopes. First, strong noises may be incorrectly identified as the peaks generated by S1 and S2. Second, S1 and S2 peaks with less sound may be omitted. The positions of S1 and S2 may not be found due to the overlapping of the noise spectrum in the time-frequency based methods.



Therefore, some algorithms aimed to improve the discrimination of S1 and S2 compared with other sounds by modifying the methods for extracting the envelope and frequency features. In order to compare the performance of our algorithm with others, we selected two common features of the four envelopes used in previous studies [3,13,15] and the short-time Fourier transform (STFT) for testing. These four envelopes have been used widely to test the performance of different algorithms, and STFT is a traditional method for spectrum extraction. In addition, we tested a one-dimensional convolutional neural network (1D-CNN) for extracting features by autonomously combining neural networks and compared 1D-CNN with the envelope and spectrum methods.



As shown in Table 1, the most common methods for feature classification included threshold approaches, logistic regression, K-nearest neighbor, recurrent neural networks (RNNs), and CNNs. In previous studies, the algorithms have been used to cluster the time intervals between peaks rather than the features of peaks to distinguish the systole and diastole. The current mainstream algorithms directly classified the features of each time point into heart sound states. Due to the complexity of the actual heart sound signal, in order to improve the classification ability of each time point, the feature extraction step should integrate the signal information for one period or multiple periods of heart sounds, which had a large number of features, so the feature classification algorithm will be complicated. At present, CNN and RNN algorithms are the mainstream algorithms for HSS research. The strong classification capacity of deep learning algorithms is explained by the strong ability of deep neural networks to fit complex functions [19], which is more effective for feature classification with a large number of features. For example, Messner et al. [15] used a bidirectional RNN for classification, which can integrate the long-distance information before and after the classified time point, where the method can obtain excellent direct classification results, but this method was applied to process the whole heart sound signal and the algorithm could only be calculated after acquiring the complete signal. The long short-term memory (LSTM) network is a classical algorithm for RNN and it can allow classification in real time. The classification capacity of LSTM is not as good as that of bidirectional LSTM (BiLSTM), but the difference in performance compared with BiLSTM can be reduced by increasing the cell number, network depth, and error correction methods. Among the CNN methods, Renna et al. [3] used a CNN structure inspired by image segmentation approaches to segment the heart sound states. The results show that when the kernel used by CNN is longer, which means more time points are required to classify the certain time point, the accuracy of the results is higher. The actual times of the kernel used in previous studies were 2.5 s, 5.1 s, and 10.2 s, and the interval between the classified time points was 1/8th of the kernel length. Conventional convolution was employed in the algorithm proposed by Renna et al. [3], so it could only process heart sound signals longer than the kernel length and it could not perform real-time segmentation in the same manner as LSTM. Therefore, we propose using a temporal convolutional network (TCN) to classify the states of the heart sounds, thereby exploiting the advantages of both the RNN and CNN methods, including combining long-distance information with a flexible receptive field size, achieving real-time processing with variable length inputs, parallel computing convolution, and stable gradients in contrast to RNN methods [20].



State annotation involves labeling the entire heart sound signal in a fixed state sequence comprising S1-systole-S2-diastole based on the feature classification results. Some peak-finding algorithms that directly classify the peaks as S1 or S2 can label the signals in a fixed order, whereas other algorithms that do not classify the peaks take the intervals between the peaks as systolic or diastolic based on previous experience that systolic periods are shorter than diastolic periods, or that diastolic periods exhibit more variation. These algorithms based on experience will not make mistakes when classifying normal heart sound signals without noise or other interference, but many actual heart sounds do not match with previous experience. For example, due to illness, some diastolic periods in heart sounds can be shorter than the systolic period, and noise interference can lead to detection errors or the loss of peaks. If certain conditions are not considered, the annotation methods based on the normal heart sound experience will make labeling errors, and thus the application range of these algorithms is limited.



For the current mainstream algorithms based on the classification of each time point by machine learning or the previous classification algorithms based on peak features, it is often not possible to guarantee that the fixed state sequence for heart sounds is correct in the direct classification results, as shown in Figure 2. Direct classification annotation errors are usually caused by irregular noise, but state annotation algorithms can correct their mistakes to satisfy the fixed state sequence rule. One option is to force the output sequence to contain only the admissible transitions among states [3] but this method will be affected by noise and cause shifts in the positions of S1 and S2, because the algorithm is only based on the information from the previous and current two time points. Another algorithm used in previous studies [3,8,13] introduces the state duration probability based on the hidden semi-Markov model (HSMM) model and annotation is conducted with the extended Viterbi algorithm. The extended Viterbi algorithm synthesizes the information in the entire signal for annotation and to the best of our knowledge, it is the best algorithm for heart sound state annotation. However, Messner et al. [15] noted that the extended Viterbi algorithm makes errors when the heart sounds occur with cardiac arrhythmia. In our experiments, arrhythmias occurred rarely in the databases and they had little effect on the final algorithm results, but these errors cannot be ignored in the context of actual disease diagnosis.



According to the previous studies described above, we proposed a framework based on TCN and HSMM for heart sound state segmentation, as well as conducting experiments with the features of STFT, envelopes, and 1D-CNN, and our enhanced Viterbi algorithm ensured that the final state annotation sequence for heart sounds conformed to the fixed order of S1-systole-S2-diastole.




2. Materials and Methods


2.1. Dataset


The electrocardiogram (ECG) is the gold standard for HSS and it is generally considered that the R-peak and end-T-wave of the ECG signal are the corresponding positions of S1 and S2, respectively [13], as shown in Figure 1. Thus, heart sound databases with ECG annotations can be used to verify the performance of the HSS algorithm more realistically than those without ECG annotations.



The public PhysioNet Computing in Cardiology Challenge 2016 has six training sets [21], but only the training-a set (PN-training-a) contributed by the Massachusetts Institute of Technology heart sounds database (MITHSDB) provides complete synchronous ECG recordings, whereas the other five sets lack these data. The original signals for PN-training-a comprise 409 phonocardiogram (PCG) recordings obtained at nine acquisition locations from 121 subjects, where both the PCG and ECG recordings were sampled at 44,100 Hz with 16-bit quantization. In addition to normal PCG recordings, the types of diseases in the heart sound database include mitral valve prolapse, benign murmurs, aortic disease, and other miscellaneous pathological conditions. Due to noise and interference by diseases with ECG in PN-training-a, we manually mark the positions of S1 and S2 based on synchronous ECG recordings. As a result, six recordings were removed due to excessive noise in the ECG or a lack of ECG, and two other recordings were also truncated due to data quality problems. After manual labeling, 403 heart sounds remained, which ranged from 9 s to 37 s, with 117 normal heart sounds and 286 abnormal heart sounds.



MITHSDB is also the source database for the training data used in LS-HSMM (LH-training) [13]. The positions of S1 and S2 marked automatically by ECG algorithms are given directly in the LH-training data set, and these are the standard annotations used most widely in HSS studies. After treatment with LR-HSMM, LH-training contained 792 heart sounds from 135 patients, and the recordings ranging from 1 s to 36 s were down-sampled to 1 kHz. However, according to our experience of labeling based on PN-training-a, ECG algorithms usually cannot avoid all errors and there may be a small number of annotation errors in the LH-training data set, so we conducted experiments using PN-training-a with our manual labels and LH-training with the annotations given by LR-HSMM.




2.2. Metrics


Similar to Renna et al. [3], we used two metrics in this study. The first metric is the feature classification accuracy, which is the ratio of the correct direct classification results relative to the ground truth state sequence s(t). We used the first metric to compare the performance of the feature classification algorithms. The second metric aimed to detect the S1 and S2 events, as described in previous studies [3,8]. The core event detection concept involved grouping consecutive identical frame labels as one event. The specific parameters used to evaluate the final results comprised the positive predictive value (P+), sensitivity (Se), and F1 score. According to Schmidt et al. [8], an event is a true positive (Tp) when the center time point of an S1 or S2 event in the calculated sequence ŝ(t) was within 60 ms of the center time point of the corresponding event in the ground truth sequence s(t), whereas all other S1 and S2 events in ŝ(t) were regarded as false positives (Fp). Ttotal is the total number of S1 and S2 events in s(t), and Tp + Fp is the total number of S1 and S2 events in ŝ(t). Those metrics are calculated as follows.



As shown in Figure 3, in the following, we discussed the three main parts of our algorithm comprising feature extraction, feature classification, and state annotation, as well as focusing on the feature extraction methods, the basic details of TCN, and the annotation methods.




2.3. Feature Extraction


The signal was processed in a uniform manner before feature extraction. The original heart sound recordings were all resampled to 1 kHz and passed through a second-order Butterworth filter within the range from 20–400 Hz.



According to previous studies [3,13,15], we employed the homomorphic envelope, Hilbert envelope, wavelet envelope, and power spectral density envelope as the envelope features. Four envelopes were extracted from the filtered signal and downsampled to 50 Hz, and thus one time point in the feature sequence contained more than 20 ms of information from the original heart sound signal. Finally, all of the envelopes were normalized to zero mean and unit variance.



We applied STFT in order to extract the frequency information for the signal, as described by Messner et al. [15]. We also used a Hamming window with a window size of 80 ms and 75% overlap, so the feature sampling rate was also 50 Hz. Compared with the durations of the states in heart sounds, which were generally more than 60 ms, the frequency of features is 50 Hz, which could reduce the calculations required and ensured that the boundaries of different heart sound states were relatively clear.



The two feature extraction methods described above were based on traditional signal processing methods. Due to the development of deep neural networks, it was possible to design neural network architectures that allowed the network to autonomously learn the features from the original signals. We also used 1D-CNN to directly process the original heart sound signals, thereby allowing the network to directly learn the feature extraction method.



If the original signals in the heart sounds were x(t), where for t = 0, …, T−1, and t indicates the time instants of signal acquisition, and the fragment of the original signal to be convolved is Xn(i) = [x(n·τ) ⋯ x(n·τ+i)] for n = 0, …, N−1, i = 0, …, M−1, where τ is the stride size, n indicates all the time points for features, and M is the kernel length of 1D-CNN. One filter of 1D-CNN is f = [W0 ⋯ Wi] for i = 0, …, M−1, then the formula used for calculating 1D-CNN is as follows,


   Z f   ( n )  =  X n  ∗ f =   ∑   i = 0   M − 1   x  (  n · τ + i  )  ·  W i   



(1)







This formula yielded a sequence Zf(n) for n = 0, …, N−1, which could be considered the primary extraction features produced by 1D-CNN. To ensure consistency with the envelopes and STFT, we set the parameters for 1D-CNN as a kernel size of 80 ms and stride size of 20 ms.




2.4. Feature Classification


TCN is a simple but powerful CNN sequence processing architecture that integrates several CNN techniques [20]. First, as shown in Figure 4, TCN used causal convolution to prevent information leakage from the future into the past, and thus it was necessary to calculate the output for the current time point by only using the features before that time point. Therefore, causal convolution was different from the conventional convolution methods and it could allow real-time processing in a similar manner to LSTM. However, the TCN outputs were only related to the inputs and they were not based on the previous outputs, so TCN differed from LSTM because LSTM was necessary to wait for the predecessor results to obtain the current outputs. Thus, TCN had the advantage of parallel operation.



Second, TCN employed dilated convolution [22], as shown in Figure 5. For a filter f = [W0 ⋯ Wi] for i = 0, …, M−1 and the complete input feature sequence Z(t), the formula for the dilated convolution operation F is as follows [20],


  F  ( s )  =  (  Z  ∗ d  f  )   ( s )  =   ∑   i = 0   M − 1   f  ( i )  ·  Z  s − d · i    



(2)




where d is the dilation factor, M is the filter size, and s−d·i denotes the positions of the features that need to be calculated in the past. d determines the number of interval time points between every two adjacent filter taps. When d = 1, a dilated convolution became a conventional convolution. The receptive field could be expanded rapidly by increasing the factor d for dilated convolution in a layer by layer manner. The receptive field could be roughly understood as the length needed for the input features for each output. In general, compared with conventional CNN, TCN using dilated convolution greatly reduced the amount of calculations required when the receptive field is the same size.



Third, each TCN layer used residual connections [23], which were calculated with the following formula,


  O = A c t i v a t i o n  (  x + F  ( x )   )   



(3)







The residual structure allowed the results from each layer to be merged into the final layer, and thus each layer could be effectively learned. The extensive use of residual structures in deep learning also demonstrated the benefit of this structure. TCN employed a generic residual module instead of a convolutional layer to improve the stabilization of the deep network, as shown in Figure 6.



In addition, as shown in Figure 7, TCN could increase the depth of the network by increasing the number of stacks, and thus the receptive field expands rapidly. As mentioned above, the scale of the receptive field could be roughly regarded as the product of the number of residual blocks, kernel size, and the last dilation factor d. RNN could also synthesize long-distance information but it could not accurately control the actual time length of the integrated information in the same manner as TCN [20].



After calculating the features with TCN, we connected a Softmax layer to output four values at each time point as the probabilities of the four states, and the feature classification results were actually the probabilities. In particular, the direct classification results or annotations were obtained according to the state where the corresponding probability was the maximum of the four probabilities at each time point. Thus, direct classification results could determine the classification performance of the feature classification algorithms. In the experimental section, we present comparisons of different classification algorithms.




2.5. State Annotation


As mentioned in the introduction, many errors in the direct classification annotations violate the fixed state order comprising S1-systole-S2-diastole, as shown in Figure 2. If the algorithm can satisfy the natural requirements for the heart sound states, including the fixed order and lasting for a certain time, order errors will be avoided in the final results and the final detection performance for S1 and S2 can be improved, as shown in Figure 8a.



We considered two methods for state annotation. The first method proposed by Renna et al. [3] forced the output sequence to contain only admissible transitions among states based on the direct classification results. The second method was the extended Viterbi algorithm based on HSMM used by Springer et al. [13]. Based on the previous algorithms, we increased the minimum time limit for states with the first method and improved the performance of the extended Viterbi algorithm by changing the weights of the state duration probabilities and the diastolic distribution.



The TCN results comprised the probability values for four states at each time point and the lengths of the TCN results were the same as those of the TCN input feature sequences. For example, the probabilities from one signal were collected in a matrix B, where   0 ≤  B  t , j   ≤ 1   for t = 0, …, N−1, j = 0, 1, 2, 3 and     ∑   j = 0  3   B  t , j   = 1  . The state annotation algorithm gave the result ŝ(t) according to matrix B, and it should be noted that the length of ŝ(t) is N, which was the length of the feature sequence, rather than T, which was the length of the original heart sound signal. Thus, at the end of the whole algorithm, we used the expand function provided by Springer et al. [13] to expand the annotation result from length N to length T.



2.5.1. Limited Max Sequential Annotation (LMSA)


Define    s ˜   ( t )    as    s ˜   ( t )  = a r g   max  j   B  t , j    , and the formulae given by Renna et al. [3] are as follows,


   s ^   ( 0 )  =  s ˜   ( 0 )   



(4)






   s ^   ( t )  =  {       s ˜   ( t )  ,       i f    s ˜   ( t )  =  (   s ^   (  t − 1  )  + 1  )    m o d   4        s ^   (  t − 1  )  ,               o t h e r w i s e        



(5)







This method involved a very low amount of calculations but the information combined was only limited to the previous time point, so LMSA was readily affected by noise. According to our previous experience with manual labeling, some algorithm errors were caused by noise that could be avoided by adding a restriction to ensure a set duration time for each state. Heart sounds may exhibit extreme changes of duration for each state but we also require real-time operation, so we added a minimum duration for each state that was uniformly limited to 60 ms. Most S1 and S2 sequences lasted for more than 60 ms [10], and the durations of systole and diastole were longer. When D is the limited duration time, the formula is as follows,


   s ^   ( 0 )  =  s ^   ( 1 )  = ⋯ =  s ^   ( D )  =  s ˜   ( D )   



(6)






   s ^   ( t )  =  {       s ˜   ( t )  ,             i f    s ˜   ( t )  =  (   s ^   (  t − 1  )  + 1  )    m o d   4       a n d    s ^   (  t − 1  )  =  s ^   (  t − 2  )  = ⋯ =  s ^   (  t − D  )    w h e n   t > D            s ^   (  t − 1  )  ,                                             o t h e r w i s e        



(7)







However, due to the effects of various types of noise, many errors will still occur with the 60 ms restriction, as shown in Figure 8b. Even after adding the restriction, LMSA depended only on the state information for the previous several time points rather than the complete information for the signal before the time point, so the performance will be highly dependent on the feature classification results. In other restriction methods, some heart sounds did not match with the actual experience that the systolic period was shorter than the diastolic period, so this experience will not be considered. Maximum time limits should also not be imposed for each state because the duration of diastole often varied greatly and adding a very loose restriction was ineffective.




2.5.2. Viterbi Algorithm Based on HSMM


According to Springer et al. [13], HSMM had four main parameters defined as   λ =  (  A ,   B ,   π ,   p  )   , where A is the transmission matrix, B is the emission or observation distribution, π is the initial state distribution, and p is the probability of the state duration.



In the HSMM for the HSS task, the four hidden states were S1, systole, S2, and diastole. The output probability matrix obtained from TCN is defined as the matrix B, which is a good approximation based on the experimental results. This kind of estimation can be regarded that the distributions of state and feature are average distribution respectively. The four distributions of the state duration probability used in previous studies [3,8,13] were Gaussian, and all the distribution parameters were rough proportions of one heartbeat time, which was the estimate used in the methods provided by Schmidt et al. [8]. The transmission matrix A and initial state distribution π were invariant, as follows,


  π =  {   1 4  ,  1 4  ,  1 4  ,  1 4   }   



(8)






  A =  [         S 1     s y s t o l e     S 2     d i a s t o l e       S 1    0   1   0   0      s y s t o l e    0   0   1   0      S 2    0   0   0   1      d i a s t o l e    1   0   0   0     ]   



(9)







The HSS task involved obtaining the hidden state sequence for a new heart sound with the known parameter λ for HSMM. Hence, we could use a dynamic programming algorithm to solve this kind of problem, specifically the Viterbi algorithm [13,24]. We defined the length of the entire sequence as N, the number of hidden states as H, the true state at time t as qt, the entire true states sequence as Q, and the observation sequence as O(t) = [O1, O2, ⋯, ON], where O(t) denoted the features at time point t. Thus, the formula for δt(j) [13] is,


   δ t   ( j )  =   max  d   [    max   i ≠ j    [   δ  t − d    ( i )  ·  a  i j    ]  ·  p j   ( d )  ·   ∏   s = 0   d − 1    b j   (   O  t − s    )   ]   



(10)




where δt(j) is the likelihood of the most probable state sequence that accounts for the first t observations and ends in state j at time t, and δ1(j) = πj bj (O1), with 1 ≤ i, j ≤ H, 1 ≤ t ≤ N, 1 ≤ d ≤ dmax, and dmax is set as the duration of a complete heartbeat time.



To find the optimal path for the entire heart sound, the method proposed by Springer et al. [13] found the maximum of δt(j) in the range N ≤ t ≤ N + dmax − 1, and decided the hidden state    q N *    based on this maximum value when defining    q t *    as the hidden state calculated by the algorithm for the final state sequence at the time point t, 1 ≤ t ≤ N. This was the main improvement in the method proposed by Springer et al. [13], and obtaining the extra δt(j) was equivalent to the assumption that bj(Ot) = 1 when N ≤ t ≤ N + dmax - 1 and t ≤ 1.



Next, it was necessary to track back from    q N *   . The previous transition state for each state was fixed, so the duration time d of the last state    q N *    was most important. When calculating the matrix δt(j), the method proposed by Springer et al. [13] also recorded the corresponding matrix Dt(j):


   D t   ( j )  = a r g   max  d   [    max   i ≠ j    [   δ  t − d    ( i )  ·  a  i j    ]  ·  p j   ( d )  ·   ∏   s = 0   d − 1    b j   (   O  t − s    )   ]   



(11)







With 1 ≤ i, j ≤ H, 1 ≤ t ≤ N, and 1 ≤ d ≤ dmax. After determining the final state    q N *    of the optimal path, the duration time of the final state    d N *    was recorded, and thus    q t *    when t = N −    d N *    + 1,…, N were equal to    q N *   . The previous state    q  N −  d N *   *    could be inferred according to the fixed state transition and    d N *   . These steps were repeated to obtain all of the annotations for the feature sequence.



In contrast to LMSA, HSMM tracked back the whole signal and integrated all of the information rather than several previous time points, which could avoid changing the state labels when noise occurred, even if the noise appeared suddenly in the middle of a state, and thus the probability of this part being classified as the real state was very low because the time duration of each state tended to be in the high probability range for the Gaussian model, as shown in Figure 9a.



However, Messner et al. [15] showed that the strong anti-noise ability of the HSMM could cause labeling errors when the heart sounds contained arrhythmia, as shown in Figure 10 (TCN + Gauss 1.0). The probability value of a complete optimal path was equal to the classification probabilities at each time point multiplied by the probabilities of each continuous state duration according to the following formula:


   δ N *   (   q N *   )  =   ∏   i = 1  k   p   q i   * *       (   d i *   )  ·   ∏   j = 1  N   b   q j *     (   O j   )   



(12)




where k is the total number of continuous state durations in the complete optimal path and    q  i ,   1 ≤ i ≤ k   * *     denotes the states for each duration. We determined the logarithm on both sides of Equation (12) as open-source code for LR-HSMM and obtain:


  log  δ N *   (   q N *   )  =   ∑   i = 1  k  log  (   p   q i   * *       (   d i *   )   )  +   ∑   j = 1  N  log  (   b   q j *     (   O j   )   )   



(13)







Which was convenient for computer processing. When the algorithm added an incorrect heartbeat cycle annotation because of arrhythmia, the classification probabilities   log  (   b   q j *     (   O j   )   )    became smaller but four state duration probabilities    log   (   p   q i  * *      (   d i *   )   )    are also added instead of one low probability of diastole with an excessively long duration time. Hence, when the algorithm made an error, the increases in the values of the state duration probabilities   log  (   p   q i  * *      (   d i *   )   )    exceeded the decreases in the values of the classification probabilities    log   (   b   q j *     (   O j   )   )   , thereby resulting in the incorrect optimal path probability becoming higher than the probability of the correct path. In terms of the performance of the whole algorithm, only a few dozen heartbeats with arrhythmia were present in the databases and they had little impact, but arrhythmia is an important indicator of disease, so the algorithm errors caused by arrhythmia could not be ignored.



It has been observed that the diastolic duration usually changes mainly when arrhythmia occurs, and thus the model related to diastole should be considered. First, it is necessary to remove the limit on the diastolic duration because the open-source code for LR-HSMM limits the probability distributions for each state duration to a central range and the probabilities outside the limit range are infinitesimal. However, removing the restrictions was not sufficient to correct the errors. Oliveira et al. [25] noted that using the Poisson distribution instead of the Gaussian distribution can improve the final annotation performance, so we only change the probability distribution for the diastolic duration to the Poisson distribution, as shown in Figure 9b, which can eliminate most of the arrhythmia errors, as shown in Figure 10 (TCN + Poisson 1.0). The Gaussian and Poisson distributions are defined as follows.




	
Gaussian distribution:


  f  ( x )  =  1    2 π   σ   e x p  (  −      (  x − μ  )   2    2  σ 2     )  ,  



(14)







	
Poisson distribution


  P  (  X = k  )  =    λ k    k !    e  − λ   , k = 0 , 1 , … ,  



(15)












Moreover, another method could eliminate the arrhythmia errors. We obtained the logarithm on both sides of Equation (10) using the following formula:


  log  δ t   ( j )  =   max  d   [    max   i ≠ j    [  log  (   δ  t − d    ( i )   )  + log  (   a  i j    )   ]  + log  (   p j   ( d )   )  +   ∑   s = 0   d − 1   log  (   b j   (   O  t − s    )   )   ]  ,  



(16)







With 1 ≤ i, j ≤ H, 1 ≤ t ≤ N, 1 ≤ d ≤ dmax. As mentioned above, when an arrhythmia error occurred in the optimal path, the impact of the duration probability exceeded the impact of the classification probability, so the weight of   log  (   p j   ( d )   )    could be adjusted to change the influence of the duration probability, and the equation became:


  log  δ t   ( j )  =   max  d   [    max   i ≠ j    [  log  (   δ  t − d    ( i )   )  + log  (   a  i j    )   ]  + α log  (   p j   ( d )   )  +   ∑   s = 0   d − 1   log  (   b j   (   O  t − s    )   )   ]  ,  



(17)







With 0 ≤ α. When α was reduced to 0.2 from 1, most of the errors caused by arrhythmia could be corrected, as shown in Figure 10 (TCN + Gauss 0.2).



In terms of the complexity and real-time feasibility of the Viterbi algorithm, the main calculation was focused on obtaining the HSMM model parameters and calculating the matrix δt(j) based on the feature classification results. The HSMM model parameters that needed to be obtained were mainly related to the heart rate, and the heart rate calculations were based on the autocorrelation with the original signal in the method proposed by Springer et al. [13], which required a large amount of calculations when the signal was excessively long, but the method for determining the heart rate could be simplified by intercepting the signal length or changing the estimation algorithm. Calculating the matrix δt(j) required the same amount of calculations at each time point. Thus, after improving the method for estimating the heart rate, the average amount of calculations may not exceed 20,000 at each time point. Thus, compared with the hundreds of thousands of calculations involved in the classification step, the impacts of calculating the heart rate and δt(j) were small. In addition, the amount of track-back calculations will be very low and the real-time feasibility will not be affected if the length of the track-back is limited. Therefore, the Viterbi algorithm could also achieve real-time calculations by dynamically refreshing the track-back results.



Other recent improvements to the Viterbi algorithm included searching the sojourn time distribution parameters [26] and a multi-centroid Gaussian model of the diastolic duration [27]. The first improvement employed the expectation maximization algorithm, which was an iterative algorithm that required a large amount of calculations and the calculation time was much longer compared with the original algorithm [3], while it also required long-term signals to achieve better performance, so it was not suitable for real-time segmentation. The second improvement was similar to our algorithm, where it also involved changing the diastolic duration distribution model from a single-peak Gaussian to a multi-peak Gaussian. However, this method also needed long-term signals to find the mean values of the multi-centroid Gaussian distribution, so it is not suitable for real-time operation. In contrast, our improved Viterbi algorithm mainly required the approximate heart rate information that could be obtained within several heartbeat cycles, and it could achieve real-time operation by using a preset heart rate to compensate for the lack of heart rate information in the first heartbeat cycle of the heart sound signal.






3. Results


In the experiments, we used Keras with TensorFlow as a backend to build LSTM and TCN. The feature-length of each signal was padded with zeros to match the length of the longest signal in the two databases and the metrics only included the effective part. After feature classification, we obtained the classification probability matrix B and used the max probability state of each time point to determine the classification state sequence, and we then evaluated its accuracy. We obtained the final state annotation ŝ(t) using the Viterbi algorithm and calculated the F1 score based on the detected events. The activation function used in the TCN networks was ReLU [28], and the activation function employed in the final fully-connected layer was Softmax. Loss of the optimization target was the categorical cross-entropy error, and the optimization method was ADAM [29]. Before training the database, we randomly selected approximately one-quarter of the data as the fixed testing set, and we then trained with the remaining data as the training set by six fold cross-validation, where the training data set was divided into six subjects and trained six times by using a different subject as the validation set every time. We trained each model for 200 epochs and determined the final model parameters according to the validation set with the highest accuracy. Six models were obtained by training the whole data set once, and we applied the six models to the testing set to yield six results, and the final results were produced by averaging the meaningful results.



3.1. Parameter Search for LSTM and TCN


As shown in Figure 11, we tested the features of 80-bin 1D-CNN, 41-bin STFT, 4-bin envelopes, and the 45-bin combination of STFT and envelopes (STFT+envelopes) based on two databases. The cells of one layer shows the results obtained with different numbers of cells in one LSTM layer net and the layers with 200 cells/layer shows the results produced with different numbers of LSTM layers with 200 cells/layer. In order to balance the accuracy and the quantity of the calculations, we decided the parameters for the LSTM network as two layers with 200 cells/layer. In addition, we found that STFT and STFT+envelopes yielded almost the same performance, thereby indicating that envelopes had little effect on increasing the information to STFT. In addition, the hardware implementation scheme for the discrete Fourier transform was sufficiently mature [30], so we employed STFT for comparison in the subsequent experiments, which also enhanced the possibility of a hardware implementation of our algorithm. Moreover, the accuracy of one layer of 1D-CNN was intermediate between that of STFT and envelopes according to the experiments, and the performance of 1D-CNN was significantly weaker than that of STFT.



As shown in Figure 12, we performed parameter search based on the filter numbers and dilation structures for the TCN network, where the kernel size was fixed at two and the stack number was fixed at one. We found that the performance of features was similar to LSTM, so STFT was also selected for comparing the subsequent result. The filter number was selected as 60 and the dilation structure as (1, 2, 4, 8, 16, 32) to ensure that the accuracy and the quantity of the calculations were balanced.



In order to search for the kernel size and stack number, we first fixed the dilation structure as (1, 2, 4, 8, 16, 32) and the number of filters as 60. Figure 13a shows the results obtained with different kernel sizes based on the two databases when the stack number was one, and Figure 13b shows the results with different stack numbers based on the two databases with a kernel size of two. Hence, the other TCN parameters in the subsequent experiments were determined with a kernel size and stack number of two and one, which resulted in the minimum amount of calculations and high performance. Clearly, this type of parameter search approach is incomplete, so we also tried other parameter combinations but the results did not significantly exceed those with our selected values, so the choice of these parameters was sufficiently economic considering the low number of calculations and the requirement for hardware implementation.



Table 2 shows the classification accuracy, parameter numbers, and floating point of operations (FLOPs) for the two LSTM layers with 200 cells/layer and the TCN network with 60 filters, one stack, (1, 2, 4, 8, 16, 32) as the dilation structure and a kernel size of two based on the testing sets. The parameter numbers and FLOPs were obtained using the function provided with TensorFlow. When the performance of TCN was similar to that of LSTM based on LH-training, which is a commonly used data set, the number of parameters and multiply-add calculations were significantly lower with TCN than LSTM.




3.2. Fixed State Error Correction


Figure 14 shows the accuracy of the network classification results, as well as the F1 scores detected for S1 and S2 events of different state annotation methods, and it should be noted that the evaluations of the accuracy and F1 scores are different. LSTM and TCN were modeled and tested over 100 times, and a small part of the obvious deviation from the average result was deleted because of over-fitting during network training.



The results shown in Figure 14 indicated that the variability was consistent between the results before and after correction, thereby demonstrating that the accuracy of feature classification greatly influenced the final results. Therefore, it would very useful to identify an algorithm with high accuracy.



The testing results obtained by TCN and LSTM were almost the same with the LH-training testing set, but the error correction results produced by the TCN network with the manually labeled PN-training-a were better than the results yielded by LSTM. Therefore, similar classification results may yield different final results after applying the Viterbi algorithm.



According to the performance of the different error correction algorithms shown in Table 3, the results obtained by Viterbi (Poisson, α = 1) and Viterbi (Gaussian, α = 0.2) with TCN and LSTM were similar, and they were significantly better than the results produced with LMSA and Viterbi (Gaussian, α = 1), while Viterbi (Gaussian, α = 1) performed slightly better than LMSA. Based on the similar classification results, the final results showed that TCN performed better than LSTM with PN-training-a. LH-training can be approximately considered as a processed version of PN-training-a, so the results showed that TCN was more stable than LSTM with noise heart sounds. In future mobile applications, the collected heart sounds will be more similar to those in PN-training-a, so TCN is more suitable for future applications on portable devices than LSTM.



Table 4 compares our best experimental results and the results obtained by several literatures of recent algorithms. It should be noted that many HSS algorithms use different data sets, and the numbers of heart sounds in different databases are all relatively small. Due to the variations in the heart sounds caused by noise interference and heart diseases, the results obtained by various algorithms will differ among databases with variable classification difficulty levels. In addition, the evaluation methods can be different, which will obviously greatly affect the final score, so comparisons of the results should be combined with an evaluation method. The final annotations given in previous studies [3,8,13] and those obtained using TCN + Viterbi (Poisson, α = 1) were corrected with the Viterbi algorithm, so the state labeled all matched with the order of S1-systolic-S2-diastolic, therefore the evaluations were all conducted with event-based approaches. Besides, Messner et al. [15] proposed a new approach based on events for evaluation, but no error correction methods were mentioned, so we speculate that better results can be obtained if error correction is performed after classification. Fernando et al. [18] also reported results obtained without error correction, where the final annotation by the algorithm involved assigning the signal to three states comprising S1, S2, and not S1 or S2, and the evaluation method was the same as the classification accuracy assessment. However, we highly recommend that the Viterbi algorithm is used after feature classification for all HSS tasks, and the evaluation should then be conducted with an approach based on the detection of S1 and S2 events. In general, our algorithm could outperform the current state-of-the-art HSS algorithms, and it had the advantages of real-time processing and the ability to correct most arrhythmia errors.




3.3. Arrhythmia Improvement


In order to assess the detection of errors caused by arrhythmia, all of the labels obtained were checked and confirmed. In total, 24 PCG recordings with arrhythmia annotation errors under TCN + Viterbi (Gauss, α = 1) were identified in the two databases. These heart sounds comprised 79 errors due to arrhythmia, with 30 errors in LH-training and 49 errors in PN-training-a, and possibly some of the errors were from the same original recordings. By using TCN + Viterbi (Poisson, α = 1) or TCN + Viterbi (Gauss, α = 0.2), 66 of 79 errors were corrected, with 30/30 errors in LH-training and 36/49 errors in PN-training-a. Two examples are shown in Figure 10. In addition, excessive noise was the main reason for the uncorrectable errors caused by arrhythmia and other problems after applying the state annotation algorithm. These problems need to be solved by collecting more training data, stabilizing the quality of the collection device, improving the quality of the ground truth labels, and other methods.





4. Discussion


The duration distributions of the four states shown in Figure 9b indicate that the Poisson distribution was similar to the Gaussian distribution with a larger variance. After experiments, we found that doubling the variance of the Gaussian distribution in the original algorithm could also correct 66/79 arrhythmia errors, which was inconsistent with the conclusion given by Schmidt et al. [8]. Therefore, due to the development of deep learning and the increased accuracy of classification, the HSS task should involve reducing the influence of the duration probability and optimizing the duration probability model. However, it should be noted that the original Viterbi algorithm (Gaussian, α = 1) can sometimes perform better based on normal heart sounds with severe noise. Thus, continuously improving the algorithms has limitations, so it is equally necessary to reduce the interference due to noise by improving the quality of heart sound collection to support the development of electronic auscultation technology.



As shown in Figure 14, irrespective of the algorithms or databases, the differences between the direct classification results obtained with training sets and testing sets were large, generally because it is considered that the networks are affected by overfitting problems. The occurrence of overfitting can be addressed by using improved network training techniques, such as drop-out and batch normalization. We used some techniques in our experiments, but the effects were small. Therefore, we considered that the possible main reason for overfitting was the lack of available data for training, thereby making the data distributions in the training sets and testing sets inconsistent, especially in those with diseases. Thus, it is necessary to collect more heart sound recordings from many situations for training in order to improve the performance of the feature classification algorithms.



Third heart sound (S3) and fourth heart sound (S4) may appear in diastole due to disease [15]. In terms of the detection of S3 and S4 using the proposed algorithm, the HSMM cannot simply add these two states into hidden states because S3 and S4 are not states of certainty. In order to solve this problem, the algorithm could first assign the signal to S1-systole-S2-diastole, and then perform pattern recognition for S3 and S4 in diastole to detect whether S3 and S4 appear and find their locations. The same method can be used for the diagnosis of heart sound diseases. For example, after performing HSS, the presence of a murmur in systole or diastole can confirm valve problems [31], and whether S2 has a heart sound split indicates pulmonary hypertension [32]. Therefore, detailed annotations are crucial for improving the performance and interpretability of heart sound algorithms. The objectification of heart sound is helpful for doctors to make better diagnoses, thus more doctors can diagnose the patient’s heart sound, which in turn will promote the development of heart sound algorithm.




5. Conclusions


In this study, we proposed an algorithm for segmenting heart sounds using a CNN-based sequence processing architecture, the temporal convolutional networks, which can allow real-time operation with high performance and low computational complexity. We determined the best parameters for TCN by search and compared it with LSTM, as well as testing feature extraction methods using the spectrum, envelopes, and 1D-CNN. In order to correct the heart sound state order errors in the point-by-point classification algorithm, we combined it with the improved Viterbi algorithm. We improved the performance of the Viterbi algorithm by changing the distribution of the diastole and the weights of the state duration probabilities. We conducted experiments with heart sounds from the training database provided by LR-HSMM and the public PhysioNet Computing in Cardiology Challenge 2016 training-set a. We obtained event-based F1 scores of F1 = 97.02% with LH-training and F1 = 95.74% with PN-training-a, which are consistent with the state-of-the-art results. The combination of the algorithm module out of human experience and deep learning network algorithm can be used for other state labeling tasks and as references for other similar studies.
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Figure 1. Heart sounds with synchronous electrocardiogram and segmentation results for four states of the heart cycle (S1, systole, S2, and diastole): (a) normal heart sound (b) abnormal heart sound with heart murmur. 
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Figure 2. Example of direct classification annotation based on the feature classification results for a noisy heart sound. The feature classification result output from the temporal convolutional network (TCN) comprises the state probabilities for each time point, and the direct classification annotation is the max probability state at each time point. 
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Figure 3. Block diagram and visualization of the heart sound segmentation (HSS) algorithm. 






Figure 3. Block diagram and visualization of the heart sound segmentation (HSS) algorithm.



[image: Applsci 10 07049 g003]







[image: Applsci 10 07049 g004 550] 





Figure 4. Simplified visualization of causal convolution and conventional convolution. 
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Figure 5. Simplified visualization of a TCN with kernel = 2, stack = 1, and dilation structure = [1, 2, 4]. 
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Figure 6. Residual block. 
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Figure 7. Simplified visualization of a TCN with kernel = 2, stack = 2, and dilation structure = [1, 2, 4]. 
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Figure 8. Examples of state annotation methods for correcting fixed state order errors in the classification result. Max prob states was obtained as the highest probability state for the classification result at each time point. (a) Viterbi algorithm. After Viterbi the state sequence was corrected using the Viterbi algorithm. (b) LSMA. After Limited Max Sequential Annotation (LMSA) the state sequence was corrected by limited max sequential annotation. 
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Figure 9. Duration probabilities for four states. The S1, systole, and S2 duration probabilities follow the Gaussian distribution. (a) Gaussian distribution for diastolic duration. (b) Poisson distribution for diastolic duration. 
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Figure 10. Comparison of different state annotation algorithms with arrhythmia heart sounds. (a) LH-training No. 555. (b) PN-training-a No. 7. TCN + gauss 1.0 used the previous Viterbi algorithm. TCN + Gauss 0.2 used the Viterbi algorithm changed the weights of the state duration probabilities. TCN + Poisson 1.0 used the Viterbi algorithm changed the diastolic distribution for Poisson distribution. 
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Figure 11. Accuracy of long short-term memory (LSTM) classification results. (a) PN-training-a. (b) LH-training. 
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Figure 12. Visualization of the accuracy of TCN with different filter numbers and dilation structures. (a) PN-training-a. (b) LH-training. The ordinate denotes the different number of filters and abscissa represents the dilation structure. For example, abscissa number 16 indicates that the dilation structure is (1, 2, 4, 8, 16), and the meanings of other abscissa numbers are similar. 
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Figure 13. Accuracy of TCN classification results with different kernel sizes and stack numbers. (a) kernel. (b) stack. 
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Figure 14. Comparison of results obtained before and after different state annotation methods. (a) PN-training-a. (b) LH-training. 
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Table 1. Brief summaries of some heart sound segmentation algorithms.
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	Study
	Feature Extraction
	Feature Classification
	State Annotation





	[6]
	Shannon energy envelope
	Threshold method for peaks
	Larger time intervals are the diastolic period; Corresponding time intervals vary more for diastole



	[7]
	Homomorphic filtering envelope
	Peak conditioning process
	K-means for time intervals



	[8]
	Homomorphic envelogram and multiple frequency bands
	Duration-dependent hidden Markov model (DHMM)
	Viterbi algorithm for DHMM



	[9]
	Power spectral density functions
	Artificial neural network (ANN)
	Corresponding time intervals vary more for diastole



	[10]
	Short-time frequency amplifier and envelope smoothed with a Gaussian smoothing filter
	Statistical duration-based assessment methodology
	Given directly after S1 and S2 are classified



	[11]
	Optimized S-transform
	Three-nearest neighbor classifier based on singular value decomposition
	Given directly after S1 and S2 are classified



	[12]
	Ensemble empirical mode decomposition (EEMD) combined with kurtosis features
	Threshold based on kurtosis features of peaks
	Larger time intervals are the diastolic period



	[13]
	Homomorphic envelope, Hilbert envelope, wavelet envelope, and power spectral density envelope
	Logistic regression
	Extended Viterbi algorithm



	[14]
	Mel-frequency cepstral coefficients

(MFCCs)
	K-means algorithm and ANN
	Given directly after S1 and S2 are classified



	[15]
	Short-time Fourier transform (STFT), homomorphic envelope, Hilbert envelope, wavelet envelope, power spectral density envelope, and MFCCs
	Bidirectional recurrent neural networks
	-



	[3]
	Homomorphic envelope, Hilbert envelope, wavelet envelope, and power spectral density envelope
	Convolutional neural networks based on U-Net [16]
	Sequential max temporal modeling and several different Viterbi algorithms



	[17]
	Hilbert transform and STFT
	Threshold method for peaks
	Experience of the amplitudes and remove invalid time intervals



	[18]
	Homomorphic envelope, Hilbert envelope, wavelet envelope, power spectral density envelope, and MFCCs
	Bidirectional long short-term memory with attention
	-
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Table 2. Comparison of LSTM and TCN.






Table 2. Comparison of LSTM and TCN.





	
Net

	
Accuracy

	
Parameter Number

	
FLOPs




	
PN-Training-a

Testing Set (%)

	
LH-Training

Testing Set (%)






	
TCN

	
90.98

	
92.48

	
112k

	
221k




	
LSTM

	
91.26

	
93.13

	
515k

	
387k
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Table 3. Comparison of various combinations of feature classification methods and state annotation methods using the testing sets in two databases (%).






Table 3. Comparison of various combinations of feature classification methods and state annotation methods using the testing sets in two databases (%).





	
Combination

	
Database

	
Accuracy 1

	
P+

	
Se

	
F1






	
TCN + LMSA

	
LH-training

	
91.86 ± 0.20

	
96.11 ± 0.25

	
95.44 ± 0.25

	
95.77 ± 0.22




	
PN-training-a

	
89.65 ± 0.23

	
94.81 ± 0.27

	
92.46 ± 0.3

	
93.62 ± 0.26




	
TCN + Viterbi

(Gaussian, α = 1)

	
LH-training

	
91.23 ± 0.17

	
96.84 ± 0.19

	
96.27 ± 0.18

	
96.56 ± 0.18




	
PN-training-a

	
90.58 ± 0.17

	
96.08 ± 0.17

	
94.61 ± 0.18

	
95.34 ± 0.17




	
TCN + Viterbi

(Gaussian, α = 0.2)

	
LH-training

	
91.48 ± 0.18

	
96.90 ± 0.21

	
96.75 ± 0.19

	
96.82 ± 0.19




	
PN-training-a

	
90.58 ± 0.18

	
96.25 ± 0.18

	
95.42 ± 0.23

	
95.83 ± 0.19




	
TCN + Viterbi

(Poisson, α = 1)

	
LH-training

	
91.64 ± 0.17

	
97.25 ± 0.18

	
96.80 ± 0.17

	
97.02 ± 0.17




	
PN-training-a

	
90.59 ± 0.17

	
96.49 ± 0.15

	
94.99 ± 0.21

	
95.74 ± 0.17




	
LSTM + LMSA

	
LH-training

	
92.35 ± 0.42

	
96.61 ± 0.31

	
95.78 ± 0.38

	
96.20 ± 0.32




	
PN-training-a

	
89.77 ± 0.74

	
94.33 ± 0.68

	
91.96 ± 0.88

	
93.13 ± 0.76




	
LSTM + Viterbi

(Gaussian, α = 1)

	
LH-training

	
91.04 ± 0.29

	
96.46 ± 0.28

	
95.90 ± 0.26

	
96.18 ± 0.27




	
PN-training-a

	
89.08 ± 0.59

	
94.01 ± 0.69

	
92.49 ± 0.72

	
93.25 ± 0.70




	
LSTM + Viterbi

(Gaussian, α = 0.2)

	
LH-training

	
91.56 ± 0.31

	
96.76 ± 0.32

	
96.67 ± 0.28

	
96.72 ± 0.30




	
PN-training-a

	
89.54 ± 0.63

	
94.84 ± 0.65

	
94.08 ± 0.76

	
94.46 ± 0.69




	
LSTM + Viterbi

(Poisson, α = 1)

	
LH-training

	
91.64 ± 0.31

	
97.05 ± 0.29

	
96.75 ± 0.26

	
96.90 ± 0.27




	
PN-training-a

	
89.50 ± 0.63

	
95.12 ± 0.62

	
93.72 ± 0.76

	
94.41 ± 0.68








1 Accuracy of the final result after state annotation.
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Table 4. Comparison of the results of recent several algorithms and TCN + Viterbi (Poisson, α = 1) (%).






Table 4. Comparison of the results of recent several algorithms and TCN + Viterbi (Poisson, α = 1) (%).





	
Algorithm

	
Database

	
Accuracy 1

	
P+

	
Se

	
F1






	
[13]

	
LH-training

	
92.52 ± 1.33

	
95.92 ± 0.83

	
95.34 ± 0.88

	
95.63 ± 0.85




	
[15]

	
PN-training-all 2

	
-

	
94.9

	
95.9

	
95.4




	
[3]

	
LH-training

	
91.7 ± 1.0

	
95.7 ± 1.0

	
95.8 ± 1.0

	
95.7 ± 1.5




	
[18]

	
PN-training-all 2

	
96.9 ± 0.13

	
96.3 ± 0.42

	
97.2 ± 0.19

	
96.70 ± 0.17




	
LSTM + Viterbi

(Poisson, α = 1)

	
LH-training

	
91.64 ± 0.17

	
97.25 ± 0.18

	
96.80 ± 0.17

	
97.02 ± 0.17




	
PN-training-a

	
90.59 ± 0.17

	
96.49 ± 0.15

	
94.99 ± 0.21

	
95.74 ± 0.17








1 Accuracy of the final result after state annotation. 2 All training sets of the public PhysioNet Computing in Cardiology Challenge 2016.














© 2020 by the authors. Licensee MDPI, Basel, Switzerland. This article is an open access article distributed under the terms and conditions of the Creative Commons Attribution (CC BY) license (http://creativecommons.org/licenses/by/4.0/).






media/file13.jpg
Foure
seqence






media/file4.png
Diastole . - —PCGsignal L
1 1 b i
Q2 - : : ' —max prob statcs|
Systole - : /il ) - - true states I
S 1= . 'Ll —S1 prob
—systole prob
|| I ‘ J |l | .1r. . 1 | | | ,i

— 82 prob i
, i
.~|r|I|H|F| rr| i ”‘ I

1

—diastole prob

lI H”l

statc probability
C:!

| | |
0 ] 2 3 4
Time (s)






media/file18.png
0.4

0357

-
(IS

<
~.2
Lh

Duration probabilites
=
Lh 2

=

0.05

=
N

—S51 Duration

—S82 Duration

—Systolic Duration ||

—Diastolic Duration

—S1 Duration

=

L

Ch
T

—S82 Duration

—Systolic Duration |

<
2

=
b
h

Duration probabilites
Z o
h 2

<

—Diastolic Duration

0

10

20) 30

feature time-points

(a)

40 0 10 20 30
feature time-points

(b)

40





media/file21.jpg
et 20 e er e it 200 e ier

@) (b)





media/file26.png
0.93

0.925

0.92

0915

0.91

0.905

0.9

PN -rainuing-a
e | H-{ralning

(0.895

(P8

0.93

0.925

0.52

(1.915

0.91

(0905

0.9

0.895

0.89

0.885
1

e PN -{raining-a
e | H-{raining

(b)






media/file27.jpg
£
e
ikl






media/file3.jpg
Distle
5 ] K

Systole ]
st ‘systole prob.

1 . 5 . 2 pra
y —digstle prob

state probability

0 2 3 4
Time (s)





media/file22.png
0.92 T .
0.9 e ——————
— DN
088 — cnvelopes .
w— T
0.86 - = S5TFT+envelopes|
[1-84 B E
0.82 ; '
100 200 300 400
cells of one laver
0.92 T .
ﬂ e ——
ik 4
0 | D)-CNN
— v elopes
(188 F == 8TIrT §
= ST T+envelopes
0.6 ___.-——-——-f/-\
0.84 ; '
1 2 3 4

layers with 200 cells/layer

(a)

0.94 | .
__f
09F
s ——1D-CNN
0.88 - m— cmvelopes i
= STFT
0.86F s STFT+C11 v ClOPECS |
0.82 ; !
100 200 300 400
cells of one layer
0.94 | .
0.92r g
0.9 .
—-CNN
0.88 - —envelopes i
- ——STHT
o = 5TF " T envelopes
0.86 ;/——-\ 4

0.84 ' :
1 2 3 4

layers with 200 cells/layer

(b)





media/file19.jpg





media/file7.jpg
Clasification 4 o ¢

resul

curent
output

Causal comvoution
networks

Convenional
convoluton
networks






media/file28.png
0.99 T T T

0.99 T T T
0.98
0.97
0.96
0.95
(.94
0.93
0.92
——TCN Traing 0.92F o
0.9] ——TCN Testing | —TCN Traing
: <= LSTM Training 0.91 F ——TCN Testing
— LSTM Testing ' ~==LSTM Training
0.9 . . a — LSTM Testing
before LMSA Gauss, =1 [Poisson, =1 Gauss, o= 0.2 0.9 ¢ : I
before LMSA Gauss, oo =1 [Poisson, =1 Gauss. a=0.2

(a) (b)





media/file10.png
Current
output

TCN

® & o
output

Dilation=4

Dilation=2

- EEEEENERERE.
Dilation=1

o -II -

Receptive filed






media/file14.png
TCN
L
oulpul =
& & @&
— Stack 2
e
Milation—1
s s e s e 0 -
Dilation—4 . il
- - - O I O - - -
Dilation=2 — Stack 1
. s 8 .
Dilation—|
Feature
. s 8 -
sequence
o i o s g e
e e

Receplive filed





media/file11.jpg
X

Dilated Causal Conv

ReLU X
F(x) identity
Dilated Causal Conv

ReLU
F(x)+x @——————






media/file6.png
| Feature extraction I—’|
Feature extraction I—'I Feature classification

Train TCN |

—p—| Statc annotation

i
|
Al
gt
i
. |
‘ |

/ : El | | | | | |
I ! ' |
il { l ql ||m‘ _,1 chtu_rt: . envelopes M_ | [ } | | | Sinia | |
'ﬂ"| ll' }' "’"I!”‘ (L exlraction classification .| 1’ '| 1 SRR "r’ " I‘#Fw4 l l?mh‘h“
| . I '
L, & A0

HSS result

PCG State probabilities

SIET





media/file15.jpg
Syl
St
signal

Disstole
<
Systole
st

Time (5)

®





nav.xhtml


  applsci-10-07049


  
    		
      applsci-10-07049
    


  




  





media/file16.png
I T
Diastole —PCG signal
DA —after Viterbi
Systole - —max prob statcs
ST ‘ = -(rue states
Diastole [ - | ' , |
S2 : : I | | I
Systole | it : |
| Sl “ ‘ . iwl' |
signal ¥ V ” ‘ ‘ ||l
| |
0 I 2 3 4
Time (s)
(a)
I -I -
Diastole —PCG signal
QoL —aftcr LMSA
Systole - —max prob statcs
S+ | = -{rue stales
Diastole — . - | |
82 B : ; 1= | | I
Systole | H y o= ]
signal J V ” “’I ||l
' |
0 l 2 3 4

Time (s)

(b)





media/file2.png
ECGr

Diastole

82T
Systole |
S1t

signal

R-pecak

end-T-wave

ECG
Diastole

S2 ¢
Systole
STt

signal

R-peak

end-T-wavce

\

end-T-wave

\

\
18.5 19 19.5 20 “ 4.5 S 5.0
Time (s) Time (s)

(a) (b)





media/file20.png
Dhastole
4 |

S),-':;tc;lg
S1lr

signal
— TON+Ciauss 1.0
== lrue kil

24.5
Time (8)

253 26 26.5

Diasicle
52

sysicle
Sl

signal

o TCN+Gauss 0.2

= = Ime sares
1 Il

24.5 25 255 26 6.5
Time (s)
. T T T T T T T
Diastole a3
582
Systole
5] o " , 1 LﬁuL'l Al . o | aal Ll
L I A B
—TCN+Poisson 1.0
= = frue states
1 1 1 1 1 1 1
23 23.5 24 24.5 25 25.5 26 26.5

Time ()

(a)

Diastole
iy |

S}-‘:;t(;lg
51

Diasicle
52
mysigle
31

\
"

Diastole
"5

Systo le
51

1 ) J
foagh stk ad J,I
signal
= TON+CGuuss 160
= = lrue skalss
1 | 1 1 1 |
21.5 22 22:5 23 235 24 24.5 25
Time (8)
T T T T T
1
: |
T
signil
o TCN+Gauss 0.2
= = e sfares
1 | 1 ] 1 [ |
Z1:5 22 22.5 23 235 24 24.3 23
Time (s)
T T T
K &
tutonins 2 L
signal
—TCN+Poisson 1.4
= = frue sates
1 |
2L 22 225 23 23.5 24 24.5 25
Time (%)





media/file23.jpg
(b)

«





media/file5.jpg





media/file24.png
1D-CNN
20 40 60 80100

envelopes
20 40 &0 80100

STFT
20 40 60 80100

STFT+envelopes

20 40 60 80100

envelopes 1D-CNN
20 40 60 80100

20 40 60 80100

STFT
20 40 60 80100

STFT+envelopes
20 40 60 80100

0.8326

0.8104 0.8855

74

0.8051 0.8787
0.8072 0.8790

0.8532
0.8497

0.8473
0.8405
0.8248

4 8

0.8457 0.9113
0.8308 0.9026

4 8

0.8567
0.8551
0.8543
0.8563
0.8494
16
0.8117

0.9010
0.9035
0.9026
0.9019
0.8887
16

0.9025
0.8907

0.9015
0.9002

0.8617
0.8607
0.8657
0.8616
0.8558
32
0.8420

0.9030
0.9079
0.9068
0.9050
0.8909
32
0.9054
0.9086
0.9082
0.9053
0.8924

(a)

0.9039
0.9079
0.9097
0.9122
0.9066

0.8700
0.8711
0.8702
0.8648
0.8519

0.9176
32

32

(b)

0.8654
0.8663
0.8663
0.8634
0.8584
64
0.8454

64

0.9054
0.8932

0.9084
0.9104

64

64

0.8649
0.8660
0.8658
0.8628
0.8534
128
0.8391

0.8916
0.8990
0.9048
0.9061
0.8926

0.9067

0.9053

0.8919
128

0.9076
0.9112
0.9104
0.9138
0.92095

0.8604
0.8642
0.8659
0.8639 0.8625
0.8508 0.8561

256 512 1024

0.8353 0.8307 0.8361

0.8566
0.8624

0.8621

0.8886
0.9025
0.8981
0.9060
0.8934
256 512 1024
0.8994 0.8998
0.9030 0.9001
0.8995 0.9049

0.9064 0.9018 0.8996
512

1024

0.9096 0.9114
0.9122
0.9111
0.9111

0.9076

0.9103

0.9112 0.9097

0.8634
0.8683
0.8687
0.8672
0.8532

0.9191
0.9219
0.9207
0,9244
0.9156

0.8606 0.8590
0.8592 0.8611





media/file1.jpg
ECG
Diastole

185

ECG.

|.9 1 5.5
Time ()
@

20

Diastole
s2.
Systole.

a

45 B
Time (s)

(b)






media/file25.jpg
1T

;|

®

@





media/file12.png
X

= ‘ Dilated Causal Conyv I

RelLlU X
F(x) — identity
‘ Dilated Causal Conv I

- RelLU
F(x)+x @






media/file9.jpg
output
TCH .o .
=
- - N

sequence






media/file0.png





media/file8.png
current
output

Classification ® o o ® & o
result

Conventional
convolution

Causal convolution
networks

Feature
sequence





media/file17.jpg
04

035

Duration probabilites

005

04,

=S Dusaton. =S Durston
[—Syolic Duration —Systolic Duration
|52 Duraion Le —S2 Duration
—Diastolic Durasion)

Dissiolic Duration

10

0 30

feature time-points

@)

a0

0
(TR T
feature time-points

(b)

40





