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Introduction Encoding

* Perform MCLT transformation on the audio

* Quick Response Code (QR) Is a two signal

dimensional Bar Code, developed in the early
1990 and rapidly became very popular. * Encode the data by modifying the phase of the

* Scanning a QR code requires aiming the camera MCLT coetficients

squarely and evenly lit environment. It implies * Perform Inverse MCLT — the audio is ready to
that only one user at a time may scan the code. be played

- . .. Audio Signal
* These specific conditions are not always e
available. As an alternative, it is proposed to use
an acoustic Chanel to transfer data. M ias \
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Goals ——— Decoder Diagram
o Encoder Diagram
* Encode binary data (website address mainly) . Results
Into an audio signal * A whole system was implemented in Android
* The audio signal is to be played by a commercial Platform

lterative DFT

speaker. * The encoding does not affect the audio signal
* A smartphone captures the audio signal, extracts * 44100 samples are collected within one sec so quality and is undetectable to the human ear
the data and jJumps to the website. In orc_le_r to support Real-'_rlr_ne Decoding, the DFT e The system works in real-time
coefficients should be efficiently computed
Audio Let’s recall the DFT transform: Properties

" — - Sampling Frequency 44100 Hz
4\ Open XDFT[[] z x[n] e~ N Nk
Embedder -uf)) 4 ""ebpagg o Frequency band of data 3400-10000Hz
mbedder — | A B .
Webpage Address ./ For the next frame (shift of one sample): MCLT fra_lme_5|ze >12 samples
htp/fa-sipl.technion.ac.i - . Synchronization block length 98 frames
Overview X3r (k] Data block length 91 frames
Chall 0 fice that- Data bits per frame / bits
allen g €S ne tan hotice that. 2] - Audio length for one website 53
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« Data rate shall allow a single webpage o
fransmission within 2-3 seconds. Allows us to efficiently compute the DFT of a Data rate 0.0224 kbps
current block from the previous one and Error correction Yes

* The encoding should not affect the audio signal

. some additional operations
guality.

The next table presents the time taken in order to jump

* The system should work in real time on a typical ' to the website after playing the encoded audio from
smartphone. different distances. The times were averaged and

rounded over 15 tries in aroom with dimension 5x4x2.5
* Embedded data should be adapted to MP3

2 complex one complex one real [m3]. The times are expressed in seconds. The tests
compression and YouTube platform.

multiplications addition addition were performed along different musical genre. The

number of Data Sequences embedded in the signal
corresponding to the elapsed time are also indicated.

Synchronization Method Distance
(cm) 10 30 50 70
Mo d U I ated com p I eXx * A known stream of bits is embedded before the
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Conclusions

* AudioQR provides a simple alternative to optical

OR.

* Allows Transferring an URL in less than 2.5
seconds.
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Split input signal to K=10 Compute MCLT vector for
2M-length lapping blocks each block (K vectors)

MCLT Transform
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Correlation with expected data

* Embedding is robust to MP3 compression.

* The passage of the Signal through the Channel
causes major distortion to the data embedded.
Some improvements (specially in the Error
Correction) must be done in order to get greater
success rate.

* Lapping of blocks in analysis (MCLT) and synthesis
(IMCLT) enables smoothing out coefficient
modifications and reduce their effects on the signal
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* Can be computed efficiently from DFT coefficients




