
❑  Sound propagates through a compressible medium 
in the form of waves 

❑  Sound waves cause vibrations in nearby objects 
 
 
 
 
 
❑  A high-speed video (2200 frames per second) can 

be used to pick up the minute vibrations of 
objects, which can be analyzed to recover a sound 

 
 
 
 
 
 
 

 
 
 
❑  Sparse sampling is a signal processing technique 

for recovering a signal with a lesser number of 
original samples 
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Goals 

Global Motion Signal Algorithm (GMSA): 

1.  Reference frame set as first frame of video 

2.  For each frame: 

a.  Process through complex steerable pyramid to obtain local 
gabor wavelet 

b. Average local gabor wavelet for each scale and orientation to 
obtain global motion value 

3.  Apply order-4 high-pass butterworth filter with 110 Hz cutoff to 
global motion signal to remove unwanted low frequency noise 

 

 

 

❑  Explore sparse sampling to recover audio from 
video captured by camera with lower frames per 
second (fps) 

❑  To decrease processing time by reducing number 
of processed samples 

❑  Use mean-squared error and Euclidean distance  
to grade quality of recovered audio 

 

Results  

Performance of A1: 

❑  Maximum downsample by 3 before sound 
becomes unintelligible 

❑  Camera with at least 733 fps can be used 
to recover audio adequately 

❑  54.9874% faster average processing time 
than GMSA 

❑  Has lower average mean-square error and 
Euclidean distance than A2 - explained by a 
lesser number of samples to compare, 
therefore less error 

Methodology  
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Sound Recovery from Perturbations of Common Objects Using Sparse Sampling 

Research Challenges 

Sparse Sampling: Random Signal Method (A2) 

1.  Apply A1 

2.  Divide signal into segments 

3.  Calculate variance of segment 

4.  Generate random signal of same variance  
to fill gap between existing samples 

5.  Apply order-4 low-pass butterworth filter with 440 Hz cutoff to keep signal in [-fs/2, fs/2] interval 

 

Sparse Sampling: Downsampling (A1) 

1.  Every nth frame of video 
processed using GMSA - n is 
increased by 1 each test until 
sound becomes unintelligible 

 
 

  (a)         (b) 

Figure 3: (a) Every frame (b) Every nth frame 

 

Future Work 

Background 
 

❑  Unable to obtain a very expensive high-speed 
camera with at least 1000 frames per second (fps) 
for the experimental portion of our project 

❑  High-speed camera videos contain a significant 
amount of data that take hours to process, 
complicating the debugging process 

❑  Research and implementation to find the most 
effective sparse sampling algorithms 

❑  Implement improved denoising algorithms 
to reduce mean-squared error and Euclidean 
distance 

❑  Implement improved sparse sampling 
algorithms to further decrease minimum fps 
of camera 

❑  Reduce processing time with more efficient 
code 

❑  Apply algorithm to explore audio containing 
speech 

❑  Record objects using camera with specified 
fps ratings and apply A1 and A2 to compare 

 

Figure 6: 
Input 
Audio 
(‘Mary Had 
a Little 
Lamb’) 

Figure 7: 
Recovered 
Audio by 
GMSA only 

 (a)        (b) 

Figure 4: (a) Every Frame 
(b) Random Signal Applied 
between Existing Samples 

Performance of A2: 

❑  Maximum downsample by 6 before sound 
becomes unintelligible 

❑  Camera with at least 367 fps can be used to 
recover audio adequately, which is 49.9% 
lower than A1’s optimal camera fps rating 

❑  54.9875% faster average processing time 
than GMSA 

Sparse Sampling: 

❑  Allows camera with lower fps rating to 
recover audio in a shorter processing time 

Conclusion 

     (a)                (b) 
 

Table 1: Comparison 
between A1 and A2 
using mean-square 
error and euclidean 
distance; smaller 
values are in bold 

Figure 8: 
Recovered Audio 
of A1,  
(a) downsampled 
by 3, (b) by 6 
 

Figure 9: 
Recovered Audio 
of A2,  
(a) downsampled 
by 3, (b) by 6 
 

 (a)           (b) 
 

Figure 10: Processing Time Comparison 

Figure 2: Sound Recovery 

Figure 1: Video Frame of 
a Potato Chip Bag from 
Massachusetts Institute 
of Technology 

Mean-Square Error Euclidean Distance 
Sparse 

(n) 
Downsample 

(A1) 
Random Noise 

(A2) 
Downsample 

(A1) 
Random Noise 

(A2) 
n = 2 0.0418 0.0445 28.1973 41.1865 
n = 3 0.0419 0.0448 23.0516 41.3193 
n = 4 0.0419 0.0447 19.9621 41.2709 
n = 5 0.0415 0.0446 17.7888 41.1937 
n = 6 0.0417 0.0442 16.2783 41.03244 
n = 7 0.0417 0.0432 15.0625 40.566 

Average
: 0.04175 0.04433333333 20.05676667 41.09480667 

Figure 5: Frequency 
Response of the low-pass 

filter used 


