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Based on the 1 550 nm all-fiber pulsed laser Doppler vibrometer (LDV) system independently developed by our labo-
ratory, empirical mode decomposition (EMD) and optimally modified Log-spectral amplitude estimator (OM-LSA) 
algorithms are associated to separate the speech micro-vibration from the target macro motion. This combined algo-
rithm compensates for the weakness of the EMD algorithm in denoising and the inability of the OM-LSA algorithm on 
signal separation, achieving separation and simultaneous acquisition of the macro motion and speech micro-vibration 
of a target. The experimental results indicate that using this combined algorithm, the LDV system can functionally op-
erate within 30 m and gain a 4.21 dB promotion in the signal-to-noise ratio (SNR) relative to a traditional OM-LSA 
algorithm. 
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The relative movement along an optical axis between a 
target and light source can induce a Doppler frequency 
shift which represents the components of translation, 
vibration and rotation of the target. Since the laser Dop-
pler vibrometer (LDV) system can measure these Dop-
pler shifts in remote distance without contact and dam-
age, the system has made great contributions in many 
research fields, such as target classification and recogni-
tion[1-3], general circulation and weather forecasting[4,5], 
mine detection[6,7], biometric feature research[8-10]. In 
addition, sound pressure can cause vibration of objects 
near the sound source. Therefore, the LDV system can be 
used for remote acoustic signal measurement[11-17]. Cur-
rently, several relevant researches based on LDV system 
are presented in order to obtain the micro acoustic vibra-
tion when there is no relative macro motion between 
target and light source. Avargel[11] presented a visible 
LDV system to detect the voice signal. However, this 
visible system has poor concealment and can be per-
ceived easily. Lv acquired the acoustic vibration of a 
position-fixed object which is measured by an infrared 
LDV system[12] and raised an algorithm to eliminate 
speckles noise influence on system robustness[13]. 
Deng[15] and Peng[16] presented recognition algorithms to 
identify different speakers from LDV-captured speech, 
respectively. These researches on speech acquisition are 

based on a precondition that the position between object 
and LDV is fixed. However, there is still no effective 
solution for acoustic micro-vibration detection on targets 
with macro motion. In some specific applications, the 
macro motion and micro vibration of an object need to 
be acquired simultaneously, for example, to detect pe-
destrians talking on the road or people talking in moving 
vehicles. Generally, the vibration frequencies of human 
speech range from 300 Hz to 3 000 Hz, while the vibra-
tion amplitude ranges from nanometer to micrometer 
scale. By contrast, the macro motion of a target is a 
low-frequency signal, and the velocity of which is usu-
ally above the millimeter-scale per second. The mutual 
coupling between macro motion and speech mi-
cro-vibration dramatically extends the dynamic range of 
displacements so that the speech micro-vibration can be 
buried in the macro motion. Therefore, to obtain good 
comprehension of speech micro-vibration, it is essential 
and important to separate it from macro motion in the 
time domain. In this paper, the empirical mode decom-
position (EMD) and optimally modified Log-spectral 
amplitude estimator (OM-LSA) algorithms are combined 
to obtain the macro motion and speech micro-vibration, 
simultaneously. The EMD algorithm is utilized to sepa-
rate macro motion and the rough voice vibration of a tar-
get. Then, the high-quality enhanced speech is acquired by 
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utilizing the OM-LSA algorithm in rough voice vibra-
tion.   

The whole system principle of the all-fiber pulsed 
LDV system is depicted in Fig.1. In the optical path 
shown in Fig.1(a), the continuous wave (CW) seed laser 
emits a single-mode, 1 550 nm laser beam, and the laser 
beam is split into a local oscillator (LO) beam and 
transmitted beam by a beam splitter (ratio 10/90). Ninety 
percent of the laser power conducts as the transmitted 
path with a 60 MHz frequency-offset modulated by 
acoustic-optic fiber shifter (AOFS). To generate pulsed 
light, the radio frequency driver of the AOFS is driven by 
applying a square wave pulse voltage with a 1 μm pulse 
width. Then, the pulsed transmitted beam passes through 
an optical circulator and a fiber collimator. The zoom 
telescope focuses the collimated pulse on a rough object 
surface, which is placed on an electronically controlled 
platform and vibrated by the sound from a loudspeaker. 
The platform moves along the optical axis. In the signal 
acquisition module, the echo of the transmitted beam 
mixing with a continuous LO path in the 3 dB fiber cou-
pler is detected by a balanced detector and digitalized by 
an ADC. 

In order to inverse and analyze the target-induced 
Doppler frequency shift, the echoes back reflected from 
the fiber end should be eliminated. The inversion process 
of demodulation is shown in Fig.1(b). The time-domain 
chopping technology is implemented to determine the 
echo of an object by calculating the peak of the echo of 
the fiber end and the time delay between the echo of the 
fiber end and the object. Then, the I & Q demodulation 
technique is utilized to shift the Doppler frequency con-
taining 60 MHz carriers to the baseband. Two orthogonal 
signals, which are created by the numerically controlled 
oscillator (NCO), are multiplied by the time-domain 
chopping output, respectively. After passing through a 
low-pass filter, the error peak of the extraction in the 
non-pulse region for the time-domain chopping can be 
largely eliminated[17]. Finally, the arctangent algorithm 
and phase unwrapping algorithm are utilized to obtain 
the movement of the object which contains both macro 
motion and micro vibration. 

The separation and enhancement process are shown in 
Fig.1(c). When there is a relative macro motion and mi-
cro-vibration between an object and the light source, the 
demodulated LDV signal of the object movement can be 
written as a summary of three components: 
y(n)=x(n)+l(n)+d(n), where x(n) represents the acoustic 
vibration characteristics of the object, l(n) represents the 
relative macro motion and d(n) represents the detected 
additive noise. This motion is usually a low-frequency 
signal compared with a speech acoustic signal, which 
generates a drifting trend for the speech vibration. If the 
traditional speech enhancement algorithm is directly 
utilized for an estimation, parts of l(n) will be incorrectly 
identified as speech signal, and the macro motion com-

ponent cannot be obtained. To separate and obtain the 
macro motion and eliminate the interference of the l(n) 
component in the speech estimator, the EMD[18] algo-
rithm is utilized in this paper. The EMD algorithm can 
adaptively and intuitively separate signals of different 
frequencies without any prior information from the 
original signal. By resolving the decomposed signal into 
a series of intrinsic mode functions (IMF) for different 
levels of fluctuations and a residual component, the 
EMD algorithm can simultaneously obtain the macro 
motion trend and micro vibration information. These 
IMFs can be considered as a modal space in which the 
high-frequency IMFs reflect the short-term fluctuation of 
the original signal, while the low-frequency IMFs and 
the residual component reflect the overall trend. 

 

 

Fig.1 Principle diagram of the all-fiber pulsed LDV 
system: (a) Optical layout; (b) Demodulation path; (c) 
Separation and enhancement path 

 
The extraction process of IMFs can be divided into 

two iterations of optimal IMF sifting and residual analy-
sis. The process is described as follows. 

Step 1: Let yi, j(n) denote the signal of the jth iterative 
sifting procedure for extracting the ith IMF, where y1, 1(n) 
is the original data. 

Step 2: Fit the lower and upper envelopes as ylower(n) 
and yupper(n) by interpolating, using a cubic spline, based 
on the local minima and maxima of yi, j(n).
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Step 3: Calculate the mean curve mi, j(n) of two enve-
lopes and obtain the refined evaluation: 

( ) ( ) ( ), , ,i j i j i jh n y n m n= − .                   (1) 

Let the input of the next sifting process be yi, j+1(n)= 
hi,j(n) and repeat steps 1—3 until the evaluation coin-
cides with one of the two IMF properties[18] that the 
evaluation mean equals zero or all the minima and all the 
maxima will be respectively negative and positive. Then, 
finish one iteration of optimal IMF sifting and obtain the 
ith finest IMF as: 

( ) ( ),= i j
iIMF n h n .                        (2) 

Step 4: Subtract all the IMFs separated from the orig-
inal data to obtain the next IMF extraction input by: 
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When yi+1,1(n) or IMFi is a monotonic curve or becomes 
less than the predetermined threshold, the iteration of the 
residual analysis is finished. The residue is defined as: 

( ) ( )1,1+= ic n y n .                            (4) 
Therefore, original data can be rewritten by utilizing 

the decomposed N−1 IMFs and one residue as: 
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In the LDV system, the measurement noise, which in-
volves speckle noise generated by the echo of a rough 
object, environmental random interference and electronic 
noise of the detection system, will seriously degrade the 
quality of the acquired speech signal. Thus, the en-
hancement of the speech signal serves as one of the crit-
ical operations of a speech detection system. The 
OM-LSA speech enhancement algorithm adopted in this 
paper, proposed by Cohen et al. in 2001[19], is an opti-
mized algorithm for simultaneous estimation of noise 
and noisy speech signals and can maintain satisfactory 
performance in a low SNR environment. 

Let X(k,l) and D(k,l) indicate the amplitude spectrum 
of the pure speech signal and uncorrelated additive noise, 
respectively. The amplitude spectrum of detected noisy 
speech can be written as Y(k,l)=X(k,l)+D(k,l). Assume 
that there exists a specific spectral gain curve G(k,l) ob-
tained by speech enhancement filtering, and pure speech 
estimation can be obtained as follows: 

( ) ( ) ( )ˆ , , ,X k l G k l Y k l= ,                      (6) 
where l is the time frame index and k is the frequency bin 
index. The OM-LSA algorithm gives two main assump-
tions for computing gain. Let H0(k,l)=D(k,l) and 
H1(k,l)=X(k,l)+D(k,l) represent the distribution of speech 
absence and presence, respectively, in Y(k,l). A speech 
absence probability estimation is given to obtain the 
probability of frequency bin k existence p(k,l) in the lth 
time frame index[17]. Then, the OM-LSA estimator is 
derived as follows: 
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( )H0 , 1G k l << ,                            (9) 
where GH1(k, l) is a conditional gain function, GH0(k,l) is 
the noisy attenuation constant factor and ξ(k,l) and γ(k,l) 
denote the priori and the posteriori SNRs, respectively. 

To evaluate the performance of the proposed signal 
processing algorithm, three groups of target movement 
data are measured for comparison. The first group of data 
only contains uniform rectilinear movement at 10 mm/s. 
The other two groups of data have the same macro mo-
tion with the 500 Hz single-frequency harmonic vibra-
tion and speech of “Chang Chun” in Chinese, with the 
other experimental conditions invariant. The sin-
gle-frequency harmonic vibration and speech are gener-
ated by the same speaker, and the distance between the 
target platform and the optical platform is 30 m. The 
measurement environment is shown in Fig.2. 

The IMFs, which are decomposed from the demodu-
lated signal by the EMD algorithm, are reunited to re-
construct the micro-vibration. The residue of the de-
composed signal c(n) represents the displacement of 
macro motion of the target. The decomposed components 
of the demodulated signal are illustrated in Fig.3. As 
shown in Fig.3, the demodulated signal is seriously dis-
torted when there is micro-vibration. However, the resi-
due still reveals macro motion. The reconstructed signal 
of Fig.3(a) shows the background noise. The recon-
structed vibration in Fig.3(b) shows the single-frequency 
harmonic vibration of 500 Hz. Due to speckle and back-
ground noise, the vibration amplitude will float by ap-
proximately 20 μm. The reconstructed vibration in 
Fig.3(c) shows the rough acoustic signals reconstructed 
by the EMD algorithm which is also disturbed by noise. 

 

 

Fig.2 The measurement environment and experimen-
tal setup of the LDV system 
 

To acquire the high-quality enhanced signal and verify 
the performance of proposed signal processing algorithm, 
OM-LSA algorithm is utilized on reconstructed signal 
reunited by EMD and on original demodulated LDV 
signal. The waveforms and spectrograms of clean speech 
are shown in Fig.4(a), and those of enhanced speech using 
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the combined algorithm and the OM-LSA algorithm are 
shown in Fig.4(b) and Fig.4(c), respectively. Fig.4(b) 
shows that after enhancement of the reconstructed signal, 
the noise is largely attenuated, and the spectrograms are 
closer to those of the clean signal. When the OM-LSA 
algorithm is directly applied on the demodulated signal 
without reconstruction, which is shown in Fig.4(c), the 
macro motion trend will be incorrectly estimated as part 
of noise or speech and can not be separated from the mi-
cro speech vibration. The part of motion trend which is 

error estimated as speech will create error estimation of 
spectrogram, especially in the low frequency part. The 
spectrogram of enhanced signal by OM-LSA on de-
modulated signal depicted in Fig.4(c) has a poor per-
formance at low frequencies (under 500 Hz) where more 
noise remains, compared with the enhanced signal by 
OM-LSA on reconstructed signal depicted in Fig.4(b). In 
addition, the SNR, MOS score of ten volunteers and av-
erage velocity of uniform rectilinear movement with 
speech vibration are shown in Tab.1. 

 

 

Fig.3 Demodulated signal, residue (motion component) and reconstructed signal (vibration) of (a) uniform recti-
linear movement, (b) uniform rectilinear movement with 500 Hz single-frequency harmonic vibration, and (c) 
uniform rectilinear movement with speech vibration 

 

 

Fig.4 The speech spectrograms (right) and the nor-
malized amplitude (left) of (a) clean speech, (b) 
speech enhanced by using OM-LSA on the recon-
structed signal, and (c) speech enhanced by using 
OM-LSA on the overall demodulated signal 

 
Tab.1 Results of two different methods 

 
Parameter OM-LSA EMD & OM-LSA 

SNR (dB) 5.47 9.68 

Velocity (mm/s) -- 10.08 

MOS 3.2 3.7 

 
This paper associates the EMD algorithm with the 

OM-LSA algorithm to successfully separate and enhance 
the speech micro-vibration of a target from the macro 
motion. The experiments imply that this combined ap-
proach has great performance for acquiring and splitting 
the actual macro motion and micro-vibration characteris-
tics of a target. In addition, compared with the direct 
enhancement of the demodulated signal by OM-LSA, the 
enhanced speech signal obtained by this combined algo-
rithm has a higher SNR and MOS. The combined algo-
rithm provides a promising, useful approach for speech 
signal acquisition and enhancement under macro motion. 
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