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Table 1. Reverberant time (T60) of the rooms in CENSREC-4. 

Office Elevator 
Hall In-Car Living-room 

0.25 sec 0.75 sec 0.05 sec 0.65 sec 

Lounge  Japanese Meeting Japanese Style Path 

0.05 sec 0.04 sec 0.65 sec 0.60 sec 
 

 The feature parameters of the baseline system used 39-dimension feature vectors that consist of 12-dimension 
MFCCs, 12-dimension delta, 12 delta-delta MFCCs, and one dimension each for log-energy, delta log-energy, and 
delta-delta log-energy. The analysis conditions used pre-emphasis (1-0.97z−1), hamming windows, 25-ms frame 
lengths and 10-ms frame shifts. The fast Fourier transformation (FFT) length was 512 and number of Mel-Filter Banks 
was 24. The sampling frequency of the data was 16kHz.  

Experiment 1, Log-energy feature of each frame is re-estimated with our proposal 1. The value of ∆E for each 
room is selected as -2.5 (Lounge), -2.5 (Japan room), -1.5 (Conference) and -1.5 (Bath room). The experimental results 
are showed in Table. 2 for open Test B. 

 

Table 2. Speech recognition performance with open Test B for Word (%) 

 Lounge Japan 
room 

Confere
-nce 

Bath 
room 

Average 

baseline 74.06 89.51 89.78 78.06 82.85 

Proposal 1 88.15 99.44 90.46 79.57 89.41 

   
 Speech recognition performance was increased 9.93 % (in Japan Room) and 14.09% (in Lounge). This results 

is higher that of baseline.  

As we know that in a reverberant environment, speech signals have late reverberation, whose energy is plotted 
as a long term exponential decay. This tends to cause the Logarithmic Energy feature to keep the constant value for a 
long time. When speech energy was changed, the reverberation of speech is also changed in this condition. So that we 
can improve the speech recognition performance by changing of directly speech energy or Log Energy feature. 

  Experiment 2, using proposal 2 for improving recognition performance with each utterance, we have four of 
experimental results in Fig 5-8. Likelihood score is used to show recognition performance of speech for each frame. In 
this case, the recognition results score for reverberant speech is adapted to clean speech. 

 
Fig. 5. An Optimal likelihood score speech in Lounge with proposal 2, ∆E=-5.8 

 

 
 

Fig. 6. An Optimal likelihood score speech in Japan room with proposal 2, ∆E=-14.1 

-150
-100
-50
0 1 9 17 25 33 41 49 57 65 73 81 89 97 105 113 121 129
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-160-140-120-100-80
-60-40
-200 1 10 19 28 37 46 55 64 73 82 91 100 109 118 127 136 145 154 163

clean reverberant output
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Fig. 7. An Optimal likelihood score speech in Conference room with proposal 2, ∆E=-6.8 
 

 
Fig. 8. An Optimal likelihood score speech in Bath room with proposal 2, ∆E=-11.9 

 

IV.  CONCLUSION 

In this paper, we proposed another way to improve speech recognition performance in reverberant environment 
for CENSREC-4 corpus. We estimated directly speech energy for improvements of recognition performance by 
changing the Log energy feature. This experiment applied on MFCCs Log-energy feature is the direction for 
improvements of speech recognition performance. The experimental results gave that the speech recognition 
performance is increased 9.93% (in Japan Room) and 14.09% (in Lounge) compared to that of baseline.  

Likelihood score is used as an optimal standard for improvements of speech recognition performance to find 
optimal value of ∆E that need to be changed for each utterance in the system.  
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NÂNG CAO HIỆU QUẢ NHẬN DẠNG TIẾNG NÓI TRONG MÔI TRƯỜNG 
REVERBERANT QUA SỰ ĐÁNH GIÁ CỦA ĐẶC TRƯNG NĂNG LƯỢNG 

Nguyễn Đình Cường 
Tóm tắt - Bài báo nhằm nâng cao hiệu quả nhận dạng tiếng nói trong môi trường reverberant với điều kiện người nói cách xa 
microphone, việc nâng cao hiệu quả nhận dạng được dựa trên sự thay đổi trực tiếp năng lượng tiếng nói hoặc đặc trưng Log-Energy. 
Hiệu quả nhận dạng tiếng nói có thể được nâng cao bởi sự thay đổi giá trị của đặc trưng Log-energy. Thực nghiệm trên bộ dữ liệu 
CENSREC-4 cho việc đánh giá hiệu quả nhận dạng trong điều kiện người nói cách xa microphone qua nhiều môi trường nhận dạng 
khác nhau sử dụng đơn microphone. Và chuỗi likelihood score được đề nghị để tối ưu giá trị đặc trưng Log-Energy cho mỗi mẫu 
câu tiếng nói nhằm nâng cao hiệu quả nhận dạng. Kết quả nhận dạng cho thấy bằng phương pháp này chúng ta có thể nâng cao được 
hiệu quả nhận dạng tiếng nói trong điều kiện môi trường reverberant. 

 


