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Topics

This presentation uses Java-DSP to cover 3 areas
of DSP relevant to the implementation of
smartphones.

* Audio Content Analysis
* Echo Cancellation
* Transmit Amplifier Linearization
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Audio Content Analysis

Speech and Music Applications

Speech Recognition

Speaker Recognition

Music Genre Classification (Pandora, Last.FM)
Audio Fingerprinting (Shazam application)
Query-by-Humming (Melodis SoundHound)

Environmental Soundscapes (Soundwalks)
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Feature Extraction

* Features - We exploit the structure present in the temporal/spectral
domain of audio signals to extract certain key characteristics that
help us distinguish these signals amongst each other.
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* By observation of the spectrum, distance between the peaks (pitch) and the
position of the strongest peak (fundamental frequency) can be used as
preliminary features for characterizing two different sounds.
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Feature Extraction (Contd.)

*Students can be taught to recognize such patterns in audio signals based on
certain mathematical and signal processing techniques.

*Some important Features

Loudness: Screaming into the microphone has higher loudness
Spectral Centroid: Bright/shrill sounds have higher spectral centroid
Tonality: Clean speech has higher tonality compared to noisy speech

Harmonicity: Speech & music exhibit a harmonic structure in their spectrum

*Having obtained a basic set of features, we then build a supervised (SVM) or
unsupervised (Clustering, Gaussian Mixture Models) learning system for
classification and retrieval of these signals.
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Implementation in J-DSP
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Implementation of an algorithm to extract harmonicity in J-DSP. Equipped with a dialog box to
tweak certain parameters and observe the results in a real-time plot, this toolbox helps students
gain insight into the understanding of harmonicity in different kinds of audio signals.
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A set of tutorials have been EE————=

developed in J-DSP to give students i Ll
a basic knowledge of pattern o S— *

Selectinepn®  PIN-1 - i Close | Update | Help

recognition and feature extraction.

* Exercises to extract temporal energy,
spectral centroid, pitch and tonality | 7
have been developed. g
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Topics

e Acoustic Echo Cancellation
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Acoustic Echo Cancellation

The Acoustic Echo Problem

x(n)
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The adaptive filter produces an estimate of acoustic room impulse response and calculates the echo
contribution, which is then finally subtracted from the microphone signal.
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JDSP Demonstration:
Acoustic Echo Cancellation
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Topics

* Transmit Amplifier Linearization
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Mobile Radio Transmitters

* Two Conflicting Design Requirements

— Power Efficient Amplifiers
* Increase battery lifetime for mobile handsets
* Decrease cooling requirements for base stations.
» Usually operate in/near compression region
— Highly linear amplifiers
* Reduce distortion-caused spillover to adjacent channels
* Allows Packing Channels Closely Together
* Minimize transmitted signal error

* Non-linearity (clipping) introduces harmonics
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JDSP Simulation:

How does Clipping Generate Harmonics?
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Measurement of Compression

30 . . . . . . .
Ideally gain would be constant.
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Gain-Based LUT Predistortion [1]:

* For each region, find a constant b that such that product of b
and the actual amplifier gain is equal to the desired gain.
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* |Initially assume b = 1 for each bin.

* For each transmitted point at time n within a given bin find a
better estimation of the correction factor b to use at time
(n+1) using the LMS algorithm with a learning factor u:

Vi) Adpive]  vp(n) s valn)
Modem Output b(n) Predist Omp“ﬂ >G ‘) Actual Output | - 0 (n)
Error
. . VDes(n) "
Nominal PA gain, g, Desired Signal

e(n) = vy, (M) =V, (n) = g,v,, (1) — G(b(n)v,, (1))
b(n+1) = b(n) + 2pe(n)v,, (n)

[1] Cavers, J.K., "A linearizing predistorter with fast adaptation," Vehicular Technology Conference, 1990 IEEE 40th , vol., no. .41-47, 6-9 May 1990.
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JDSP Simulation:
Digital Predistortion
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