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Introduction
▪ Speech analysis tries to capture

▪ Glottal-source: fundamental frequency (F0)

▪ Vocal-tract: Resonances (F1, F2, F3, …), Shape of 
spectral envelope

▪ Applications
▪ Voice activity detection (VAD)

▪ Automatic speech recognition (ASR), etc.

▪ Existing methods
▪ Linear prediction (LPC), Cepstrum (CEP)

▪ ARMA, AbS, STRAIGHT
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s 𝑡𝑡 = 𝑒𝑒 𝑡𝑡 ∗ 𝑣𝑣(𝑡𝑡)

Source-filter model

Problem: robustness in noisy environments (low 
SNR).

Aim: propose a robust speech analysis method.



Multivariate Empirical Mode Decomposition 
(MEMD)
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𝑥𝑥 𝑡𝑡 = �
𝑖𝑖=1

𝐾𝐾

𝑧𝑧𝑖𝑖 𝑡𝑡 + 𝑟𝑟(𝑡𝑡)

X = [x1(t), x2(t), x3(t)]

x1(t) = [8 Hz + 16 Hz],
x2(t) = [8 Hz +   4 Hz],
x3(t) = [8 Hz +   2 Hz + noise].

Common 
Mode

Intrinsic Mode Function (IMF), 𝑧𝑧𝑖𝑖 𝑡𝑡
Multivariate EMD [2]

Extract extrema

Build envelopes 
using cubic spline

Extract the mean value 
m(t) between envelopes

Extract the detail
d(t) = x(t)-m(t)

d(t) = IMF

Input signal

IMF
d(t) 

x(t)-IMF 

YN

Hansan [3]

z 1
− 

z 3
z 4

z 5
z 6

z 7

4



Common Mode (1)

log 𝑆𝑆(𝜔𝜔) = �
𝑖𝑖=1

𝑀𝑀
𝑧𝑧𝑖𝑖(𝜔𝜔)

Source

+ �
𝑖𝑖=𝑀𝑀+1

𝐾𝐾
𝑧𝑧𝑖𝑖(𝜔𝜔)

Filter

IMF, ACF

Common 
Mode

𝑠𝑠 𝑡𝑡 = 𝑒𝑒 𝑡𝑡 ∗ 𝑣𝑣(𝑡𝑡)
𝑆𝑆 𝜔𝜔 = 𝐸𝐸 𝜔𝜔 𝑉𝑉(𝜔𝜔)
log 𝑆𝑆(𝜔𝜔) = log 𝐸𝐸 𝜔𝜔 + log |𝑉𝑉(𝜔𝜔)|
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Glottal-source waveform
Impulse response of vocal-tract filter



Proposed Method (1)
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Evaluations
Clean

Noisy

Cepstrum, MEMD, TEMPO, Err

Time

F0
 (H

z) F0 ref

Estimated F0 (Correct)
Acceptable Error (10%)

 Glottal-Source
• F0 estimation

Correct rate[4] =
𝑁𝑁𝑁𝑁.𝐶𝐶𝑁𝑁𝑟𝑟𝑟𝑟𝑒𝑒𝐶𝐶𝑡𝑡
𝑁𝑁𝑁𝑁.𝐴𝐴𝐴𝐴𝐴𝐴

× 100

 Vocal-tract
• Formants (F1, F2, F3): Plots of formants compared with the correct ones
• Shape: Correlation Coefficient and Euclidean Spectral Distance

F1 F2

Spectral Distance

7

F1

F2

F3

Stimuli: voiced speech signal vowel /ey/ from 10 persons (TIMIT database), SNR: 20, 10, 0, and -10 dB 

TEMPO for F0 ref.



Result (1)

▪ F0 estimation was robust.

▪ Formant estimation was not robust 
when SNR were 0 and  -10 dB.

▪ Spectral envelope was bad.

▪ Formant estimation and the shape 
of spectral envelope was required 
to be improved.
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F1

F2

F3



Common Mode (2)

|W1(ω)| |W2(ω)| |W3(ω)|

|S1(ω)| |S2(ω)| |S3(ω)|

𝑌𝑌(𝜔𝜔) = �
𝑖𝑖=1

𝐿𝐿
𝑧𝑧𝑖𝑖(𝜔𝜔)

Speech

+ �
𝑖𝑖=𝐿𝐿+1

𝐾𝐾
𝑧𝑧𝑖𝑖(𝜔𝜔)

Noise

𝑌𝑌(𝜔𝜔) = 𝑆𝑆(𝜔𝜔) + 𝑊𝑊(𝜔𝜔)
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Assumptions
 Noise is stationary.
 Speech is non-stationary.



Common Mode (4)
10
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Proposed Method (2)
MEMD-Based Noise Analysis and Reduction

MEMD-Based 
Speech Analysis

Two-stage speech analysis
 1st stage: MEMD-based 

noise analysis and 
reduction

 2nd stage: MEMD-based 
speech analysis

11

30 ms of winLen, 50% overlap

5-10 ms of winLen, No overlap



Results (2)
 F0 estimation outperforms LPC and 

CEP before noise reduction.
 Formants estimation was improved 

after noise reduction.
 Shape of spectral envelope was 

improved.
o Correlation coefficient increases.
o Spectral distance decreases (0 

and -10 dB).
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Discussion (1)

▪ Before noise reduction (2nd stage)
▪ F0 estimation was better than LPC and CEP.

▪ Formant estimation was not robust when SNR were 0 and -10 dB.

▪ Spectral envelope was bad.

▪ After noise reduction (1st and 2nd stages)
▪ Correct rate of F0 estimation was reduced.

▪ Formant estimation was improved.

▪ The shape of spectral envelope was improved.

▪ Combining two stages leads to robust speech analysis
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Conclusion

▪ Proposed robust speech analysis method based on source-filter model using 
MEMD.

▪ Automatically decomposed noise as the common mode.

▪ Automatically separate source and filter using the common mode.

▪ The proposed method could be robust in noisy environments.

▪ Future work: pink noise, babble noise, reverberation
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