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e Learn how Digital Filtering works

e Understand and use speech compression
techniques

e Review PIC32 external codec interface

e Construct a MP3 player using Helix MP3
decoder algorithm
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Digitization of Signals
Digital Filtering

Lab 1 — Digital Filtering
Speech Coding

Speech Compression

Lab 2 — Speex Algorithm
External Codec Interfacing
Audio Coding

Helix MP3 Algorithm API
Lab 3 — Helix MP3 Algorithm
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e Lab 1 -Remove unwanted tone from
speech signal

e Lab 2 — Develop a voice recorder

e Lab 3 - Develop a USB thumb drive based
MP3 player
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Digitization of Signals
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MicROCHIP Digitization
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e What is digitization
e Sampling (Discrete time)
e Quantization (Discrete amplitude)
e Analog to Digital Conversion

[ X(t) x(n)




e ot Digitization

e Some comments
e Sampling frequency F, = 1/T,
e Bit resolution (how much)

e Application dependant
e Cost sensitivity

e 't is the continuous time index
e ‘n’is the discrete time index

© 2012 Microchip Technology- Incorporated. All-Rights Reserved: = 1674 AUD



MICROCHIP Sampllng OperatIOn
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e What happens when you sample a signal

Frequency Spectrum of
a arbitrary signal

Frequency Spectrum
after sampling at F,

©2012 Microchip-Technology incorporated:. Al Rights Reserved:
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e What Is aliasing

0 F, F, f —>

e Signal is not sampled adequately
e Ambiguity in reconstruction

e High frequencies fold over into lower
frequencies

e F./2is called the folding frequency

e What happens when you sample
7600Hz signal at 8000Hz?

©2012 Microchip-Technology incorporated:. Al Rights Reserved: 1674 .AUD
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e How to prevent it
e Ensure that Fs > 2F; (Sampling theorem)

F./2>F,

D 'f _FS 'Fl O Fl F —> f

S

e Sample at > twice maximum frequency
e Signal can be reconstructed
e F.is the Nyquist rate

©2012 Microchip-Technology incorporated:. Al Rights Reserved:



meccw  Practical Digitization
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e Limitthe bandwidth of the input signal
e Anti-Alias low pass filter

Must be a good quality filter (op-amps)

Sharp roll-off

Typically has higher order

Stop band attenuation greater than 60dB

Tight specifications

e Analog to Digital convertor (ADC)

L\

Anti-alias filter

e —_S— — i —— ;)
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McrocHe Oversampling
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e Anti-aliasing filter is critical to system performance
e How to ease the filter specification?
e Use Oversampling technique

/“ \ / Increase Sampling\

frequency

: L
j \ = FS/ZJ

e Broader transition band
e Relaxed filter specifications

e Tighter filter implement in
software

e Sample rate conversion

e Steep transition band
e Tight filter specifications
e No software overhead
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Digital Filtering

©2012 Microchip-Technology incorporated:. Al Rights Reserved: 1674 AUD 13



o Digital Filters

MASTERs 2012

e Important class of DSP applications
e Finite Impulse Response (FIR) Filter

e Infinite Impulse Response (IIR)
Filters

e Linear Filtering using DFT
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High Pass

i
fe  (Fs/2)

e Applications e Applications
Anti-aliasing e DC Removal

O
e Smoothing e Power Line Hum
e Noise Reduction e Bass Reduction
e

Treble Cut




.MCHDCHIP — Fl I ter Ty p es
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Band Pass

e Applications

e Equalizer
e Wireless transmitter and receivers
e Filter banks in MP3 Compression

©2012 Microchip Technology Incorporated.-Alt Rights Reserved.



MIcRoCH Impulse Response
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e What is an Impulse Response

1‘ ] 1m11

: 1234
0 ¢ Some system (Filter) 0123 ¢

5(t)

One Sample

e Response of asystem to an impulse
e Response to the finest signal (temporal sense)

e Typically computed mathematically or through
modeling

e Any system can be treated as a filter

© 2012 Microchip Technology incorporated. Al Rights Reserved:



s What is a LTI system

e What does Linear Time Invariant (LTI) mean?

1‘ ] 1m11

. 1234
0 ¢ Some system (Filter) 0 ¢

o f(xy) +f(x,) + f(x3) = f(x, + X, + X3) ...superposition
e Impulseresponse does not change with time

e Any system (even non linear time variant) can be
treated LTI for sake of analysis

© 2012 Microchip Technology incorporated. Al Rights Reserved:



MICROCHIP Why Impulse Response
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e Why is Impulse response important

‘ ‘ Ko 8(t) + K, 8(t-1) + K, §(t-2)
HIT + K, 8(t-3) + K, 8(t-4)

01234 t
Arbitrary Digital Signal Sum of Weighted and translated

l mpulses
MII

01234 t Some system (Filter)
Impulse Response Known

Output = Sum of
weighted
and translated
impulse responses

©2012 Microchip Technology incorporated. Alt Rigfhts Reserved:



Mcroen®  Digital Filtering Basics
e Impulseresponse helps compute output of a

system

e Works only for LTI
e Impulse response can be scaled
e Impulse response can be translated

N-1

L y[n] = 2, h[k]-x[n-K]

k=0

Output

Impulse response Input

e Output computed by convolution sum

— — _ a .
© 2012 Microchip Technology Incorporated. All Rights Reserved: 1674 AUD Slide




wesce  Finite IMpulse Response
SeAsTES 2022 (FIR) Digital Filters

e Output equals sum of
e Weighted present input
e Weighted past finite number of inputs

e Weights are filter coefficients
e Coefficients define filter response

e Equation stays the same Siter Order N

N-1

Output > YIn] = 2 hlK]-x[n-K]
k=0

Impulse response Input

— e — s — i & B

: e .
©2012 Microchip-Technology incorporated.-Alt Rights Reserved. i674A0D  Slde 21




MicRocHIP FIR Filter Design
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e Start with ideal frequency response of a low
pass filter

A Fs/2

c

-Fs/2 -f

e Take Inverse Fourier Transform to get Impulse
Response

dsPIC® DSC
Filter Design
Tool

jore, ot I‘ ‘I Me, ety

L T 'lll' “,l ¥
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s FIR Filter Design

e Impulse of Ideal Low pass filter extends to infinity
e Cannot deal with infinite sequences in the real world

i)

Dlﬁi
»

ol

U

Truncate Impulse Response around axis of symmetry
Shift the sequence to make it causal

Shifted sequence is h(n) or filter coefficients

Process of truncating is called windowing

— O
R R R N g N ——9
© 2012 Microchip Technology Incorporated. All Rights Reserved: 1674 AUD
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wroee  FIR Filter Design
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e What is a window

e Used to truncate Infinite Impulse Response
(hence FIR)

e Multiply window function by the impulse
response

e Choice of window affects
e Filter Transition band
e Stop band attenuation

e Direct Truncation is same as using rectangular
window of unit amplitude




MICROCHIP Wl n d OW| n g
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1
Rectangular Window
Ideal Impulse Response
Multiplication (Windowing)
' I i ° . I ‘ ‘ I ° ° f I Window functions
: l : : l :
——Hanning ——Hamming ——Blackman

1.2

Truncated Impulse 0.8 // \\
Response Ej // \\
i ) AN
= N

w(n)

i/ 7
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Micraciie — \\[indow Frequency Response
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weeee  FIR Filter Implementation
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e FIR Filter difference equation

M -1
y(n)= Y b,x(n—k)
k=0
e FIR Filter Transfer function Delay Line FIR
Hz)=b,+b z'+b z%?+---+b  zM

Coefficients

©2012 Microchip Technology Incorporated.-Alt Rights Reserved.



we' Infinite Impulse Response

wasTERs 2023 (IIR) Digital Filters

Designed by considering an equivalent analog
filter

Get an expression in s-domain

Convert analog filter to digital
e Bilinear Transformation

Get an expression in z-domain
Implement z-domain expression
Typically IIR filters use both poles and zeros




mewee  Butterworth Filter
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e Pass Band

Maximum flat magnitude
response in pass-band

e Transition Region

Steeper than Bessel, not as
good as Chebyshev filter

e Stop Band
No ringing

e Pulse Response

Some overshoot and ringing, but
less than the Chebyshev filter

Gain (dB)

20

T
(R

-80

Amplitude (V)

0.1 1 10
Frequency (Hz)

i

100

(bap) aseyd




MICROCHIP
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e Pass Band
Ripple in the pass-band

e Transition Region

Steeper than Butterworth
and Bessel filters

e Stop Band
No ringing

e Pulse Response
High degree of overshoot

and ringing

s — i

= R - - - -
©2012 Microchip-Technology incorporated.-Alt Rights Reserved. 1674 AUD
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Amplitude (V)

Frequency (Hz)
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T — "~ Bessel Filter
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e Pass Band

Flat magnitude response in
pass-band

Gain (dB)

e Transition Region

Slower than the Butterworth
or Chebyshev filters

(bap) aseyd

0.1 1 10
Frequency (Hz)

e Stop Band
No ringing

e Pulse Response
No overshoot or ringing

—

Amplitude (V)

- I O
5 Ay
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MicROCHIR IR Filters
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e Filter types
e Butterworth, Chebyshev, Elliptic, Bessel...

e How to choose
e Depends on application requirements
e Consider phase response
e Consider frequency response
e Consider time domain step response

e Also review the pole locations
e Indicate transition band
e Indicate stabllity




';'.'cgmp Impiem entation |
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e |IR Filter difference equation

N M
yn) = ->axylh-k) + >bx(n-k) Bigquad Section
= 0

e I|IR Filter Transfer function

-1 -2 -M
H(z):b°+blz +b,z°+---+b, 2 ZK

a,+a,z +a,z%+---+a, z"

by +b,z"+b,z" | (by+b;z"+b] z*
a,+a, z'+a,z* J| | a,+a'z"+alz”

Direct Form | x(n) ﬁﬂ
. Z_l
Denominator — Poles al 1 o)
Numerator - Zeroes .

e —_S— — i —— ;)
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MICROCHIP
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Direct Form |l Transposed Direct Form |l

w(n) b0

Iigbo} y(n) x(n) » y(n)
Z-l
ﬂ—gbl’
w(n-1) ,

z

iw(n-Z)

e Theoretically, Direct Form | and Il and Transposed
Direct Form Il are not different

e From implementation perspective Direct Form II:
e Requires less memory space
e Require input scaling




MICROCHIP

wasTERs 2012 FIR vs. lIR filter

Finite Impulse Response Filter
All zeros filter

Linear phase easy to obtain

N K

FIR filters always stable

]

Large number of filter taps may
be required for sharp responses

— — O
© 2012 Microchip Technology- Incorporated. All-Rights Reserved:

Infinite Impulse Response Filter
I Typically uses poles and zeros

Phase is difficult to control
Possibility for instability

I Fewer numerical operations than FIR
filters for sharp responses

: 0O
1674 AUD




MicaacH ‘AjdioDeveIopment Board (ADJB)

MASTERs 2012
USB Full Debu
RS232 COM Speed Host J
Port +9V

i /

w2

\\\\\\
.y WEBR1A
2 = cng Z

Line In

Advanced Digital Audio Development Board for PIC32°
2” Display TFT (Part # D¥320011)

176x220 RGB PIC32MX795F512L or Microphone
dsPIC33EP512MU8B10

1674 AUD Slide 36
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Lab 1.
Design and use a digital
filter

N ‘}5@




e Lab 1 Objectives

e Design a Digital FIR Notch filter

e Invoke XC32 DSP LIB filter
function

e Remove unwanted tone from a
speech signal




woeee  Lab 1 Summary

MASTERs 2012

e FIR filter equation stays the same
across the filter type

e XC32 DSP LIB filter functions are
available

e Notch filters can be used In
simple noise reduction
applications




- P —

o i Section 1 - Summary

Reviewed Digitization and Sampling
Reviewed how a digital filter works
Reviewed how a FIR Filter is designhed
Understood the effects of window choices
Understood how a lIR filter is designed

Developed and implemented a FIR notch filter
in LAB 1

= : - :
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Speech Coding

= — e - , -
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e Audio Signals

e Section of frequency spectrum that Is
audible: 20Hz — 20KHz

e Speech signals 300 to 6000Hz
e Music signals have a wider range

e Sampling Rates
e 8,16, 32,44.1, 48, 96 and 192KHz

e Classification (for our class) -
e Speech Signals
e Audio Signals




MicRacHP " Speech coding
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e What is Speech?
e What is speech coding?

e Why would you want to encode (decode)
speech?
e Compress it. Reduce size
Reduce memory
Reduce bandwidth
Analyze/Synthesize
Security (Encryption)

.
© 2012 Microchip-Technology incorporated.-Alt Rights Reserved.—— - 1674 AUD Slide 43




wese  Speech Signal Specs.
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e Typically sampled at 8KHz
e Wideband application use 16KHz

e Bit resolution
e 12 to 16 bits typical

e ADC/DAC (CODECS)
e Voice ADC/DAC
e Audio ADC/DAC

e Analysis frame size 10-20msec
e Signals exhibit strong correlation




weoee  \What is correlation

MASTERs 2012

e Correlation measures similarity
e Can measure presence of information

e Autocorrelation indicates presence of
pattern

e Speech signals exhibit strong correlation

e Correlation can be exploited for speech
coding




meew  Types of Speech Coders
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-

Waveform

 Encode the wave shape

Reconstruct the time
domain waveform

*Operate at medium
compression rates

Moderate computational
complexity

-DPCM, ADPCM, alu law
*G.711, G.726A (ADPCM)

© 2012 Microchip Technology Incorporated. All Rights Reserved:

Speech Coders \

Vocoders

» Parametric coding

Model the human speech
system

*Operate at medium to high
compression rates

*High computational
complexity

*CELP, ACELP

Speex

1674 AUD Slide 46
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Speech Coding - Comparison

64

T56

.48

~40

-32

24

-16

Output Data Rate (kbps) —

Sampling Rates CG711)

Raw Speech (8 kHz narrowband) — 128 kbps
G.711 (A-law/p-law) — 64 kbps

G.726A (ADPCM) - 40/32/24/16 kbps

Speex (CELP-based) — 8 kbps

G.728 (LD-CELP) — 16 kbps (High royalty!)
G.729 (CS-ACELP) — 8 kbps (High royalty!)
G.723.1 (MP-MLQ, ACELP) - 6.3/5.

<G7231> G.729

Mean Oplnlon Score

©2012 Microchip-Technology incorporated:. Al Rights Reserved: 1674‘AUD
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MASTERs 2012

e ITU-T recommendation
e 8KHz sampling rate
e 2:1 compression (128Kbps to 64Kbps)

e How does it work?
e Signal is broken up into amplitude intervals
e Intervals are log spaced

e The interval number, some amplitude bits
and sign is coded

e u-law and a-law




M
o G.726A

e ITU-T recommendation
e 8KHz sampling rate
e Four bit rates (16, 24, 32 and 40kbps)

e How does it work
e Difference between adjacent samples is less
e Encode and guantize difference

e Use adaptive techniques to maximize SNR and
reduce variance
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Encoder

a0+ (T

Decoder

©2012 Microchip-Technology incorporated:. Al Rights Reserved:

1674 AUD
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Parametric Coding

MASTERs 2012

e Uses the source filter voice model

e Extract vocal tract feature parameters
within a frame

e Frame size is 10-20 msec
e More complicated

e Better compression
O

Used widely Iin today’s communication
devices




MicRocH® Speech Signals

MASTERs 2012

e Classification of speech sounds
e Voiced
e Unvoiced
e Plosives




MICROCHIP SpEECh MOdellng
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Velum
/'I Nasal Tract » Nostrils
Sub Glottal _
VVocal Chords
System vocal Chords:
Oral Cavity > Lips

\_/

©2012 Microchip-Technology incorporated:. Al Rights Reserved: 1674 AUD oL



merecwe  SOoUrce System Model "
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PITCH
PERIOD

VOICED/ UNVOICED
IMPULSE TRAIN SWITCH
GENERATOR

TIME VARYING
DIGITAL —
u(n) FILTER

RANDOM NOISE
GENERATOR G

VOCAL TRACT
PARAMETERS (LPC)

©2012 Microchip-Technology incorporated:. Al Rights Reserved: 1674 AUD Slide 54



MICROCHIP VO C O d e r S
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Y — -

SPEECH FRAME SPEECH FRAME
SYNTHESIZED

PITCH | ENERGY

LPC PARAMETERS

e Encoder sends the parameters

e Decoder reconstructs using the
parameters




S Code Excited Linear

MICROCHIP

ASTERs 2012 Prediction (CELP)

Speech
Input

E\X‘J]h}ﬂw: " Long Term J Short Term +
Codebook Predictor Predictor y
Gain /

Synthetic
Speech

Error <
Minimization Ertor

— o —_ i ——_i— i — e,
hip-Technology Incorporated. Al Rights Reserved: 1674 AUD



wekew  Speex Algorithm
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8Khz, 16Khz and 32Khz sampling modes
Fixed point port available

Bit rates from 2 to 44kbps

Open source (wWww.speex.orq)

Uses CELP

Ports available for dsPIC33F/33E and
PIC32

e dsPIC® DSC port is assembly optimized
e PIC32 port uses public API



http://www.speex.org/

Mcrocie  How tO use Speex Encoder
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e Speex Encoder
1. Initialize the encoder
Set encoder quality level
Initialize the bits structure
Reset the bits structure
Encode the input
Do steps 4 and 5 as needed
De-allocate bits and encoder once done

N o O A&~ D




(= Speex Encoder API

MASTERs 2012

e Initialize the encoder

/;include<speex/speex.h>
SpeexBits bits;
void *encoder;
Speex bits init(&bits);
encoder = speex encoder init(&speex nb mode) ;

o

J

e Set the encoder quality level

speex encoder ctl (enc state,
SPEEX SET QUALITY, &quality) ;




e - Speex Encoder API

MASTERs 2012

® Reset the bits structure

[speex;bits_:eset(&bits); ]

e Encode the input

[speex_encode_int(encoder,input,&bits) ]

nbBytes = speex bits write(&bits,output,
MAX NB BYTES) ;

e Destroy allocated memory when done

speex encoder destroy(enc_state);

[speex_bits_destroy(&bits) //if bits obtained dynamically]




MICROCHIP

"How to use Speex Decoder ’

MASTERs 2012

e Speex Decoder

nitialize the decoder and the bits structure
_oad the bits structure with input frame
Decode the input frame

Perform steps 3 and 4 as needed.
De-allocate bits and decoder once done

1.

2
3
4.
5




e ﬁ!ﬁaSpeex Decoder API

MASTERs 2012

e Initialize the decoder and bits structure

/;include<speex/speex.h>
SpeexBits bits;
void *decoder;
speex bits init(&bits);
decoder = speex decoder init(&speex nb mode) ;

o

~

J

e Load bits structure with input frame

[speex;bits_:ead_from(&bits, cbits,nbBytes) ;




wmee  Speex Decoder AP

MASTERs 2012

e Decode the input frame

[speex_decode(decoder, &bits, output) ]

e Destroy decoder and bits structure

speex decoder destroy (decoder) ;

[speex_bits_destroy (&bits) //if bits obtained dynamically ]
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Lab 2:
Build a Voice Recorder
Application

[




Mcsocke Lab 2 Objectives
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o L
a

o L

Se speex vocoder in a voice recorder
oplication

se speex encoder to encode speech

e Store encoded file on thumb drive

e Use speex decoder to decode speech and
playback




MicRacH Lab 2 Summary
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e Speex Library can reduce memory
requirements

e Processing requirements must be
considered

e Encoder and decoder can be supported
In one application




MICROCHP Section 2 Summary
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Reviewed basics of speech signals and
Speech coding

Reviewed waveform and parametric
coders

Understood speech modeling

Reviewed G.711, G.726A and Speex
coders

Used the Speex codec in LAB 2
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External Codec Interfacing
with PIC32




MICROCHIP External COdeC
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e ADC only, DAC only or combination

e Typical codecs also contain
e PLL for generating clock (expensive)
e Headphone Amplifiers
e Equalizer and ALC
e Multiple input and output options
e Support for multiple data formats

—— e —— . — i o
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MICROCHIP

Vasrem 201 Interface Essentials

/ \ Frame Sync (FS/LRCK)

<€ >

Master Clock (MCLK) ) Bit Clock (BCLK)

<€ >

CODEC Data Output(ADCOUT)
>

Data Input (DACIN)

<€

N J

 Crystal Source

e Processor * FSYNC and BCLK can bhe input
- Sampling Frequency dependant or output.
e PLL  Data interfaces 1°S, DSP

- I O
5 Ay
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T ]

il 12S Audio Interface

| 17 ;

¢ >

| ! |

| Left Channel | Right Channel |
DACLRC/ ! |
ADCLRC (LRCK)

| L |

P 1y I E— ixTjiT E— U
| |

» 1BCLK e 1BCLK |
DACDAT/ ~ =~ = = O
ADCDAT 1123 n-2|n-1| n 112]s n2[n-1[ n

MSB LSB MSB LSB

Common in stereo applications

Left Justified format available
Standard does not dictate clock rates
There may be unused BCLK cycles

— - — o o
E—— i —a— — — — e
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e DSP/PCM Interface

MASTERs 2012

'I 1/fs [
I-'l— P

|
'4» 1 BCLK [

LRC TL
sox [T~ UL e UL

|
g

DachAl 1123 n2ninfl1]|2|3 n-2|n-1| n

:MSB LSB

Left Channel ! Right Channel
bid

It
! Input Word Length (WL) !

e Common in multichannel audio

. ——— e e —_— .
© 2012 Microchip Technology Incorporated. All Rights Reserved: 1674 AUD 72




= Notes on Digital Audio Interfacing
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e Master generates BCLK and FSYNC

e Codecs with PLL can be Masters
e Usually expensive

e MCLK is typically a multiple of sampling
frequency

e Used to determine sampling frequency of non PLL
codecs

e Codec Interface solutions
e PIC32 SPI Module (supports I°S, DSP/PCM)
e dsPIC® DSC DCI Module (supports I°S, DSP/PCM)




— PIC32 REFCLKO

e Use PIC32 SPI module to interface to codec

e PIC32 can generate clock (REFCLKO output)
e Can be used for MCLK
e Don’t have to use codec with PLL
e Clock speed can be tuned for USB Audio Applications

PIC32 Codec/DAC/ADC
[SFPI Slave] [Master]
REFCLKO {— g | MCLKIN

BCLK |-g——— | BCLK

SS/LRCK (-ff— LRCK

SDOx - DACDAT

SDIx |-—— | ADCDAT

FN— - ——————— : '
© 2012 Microchip Technology Incorporated. All Rights Reserved: 1674 AUD Slide 74
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Audio Coding
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Mcaocue “Audio Coding
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e Non Compression Type
e PCM, WAV, AlIFF, AU, RAW..

® Lossless Codecs
e FLAC, ALAC, Dolby TrueHD...

e Lossy Codecs
e MP3, WMA, AAC, Vorbis




wesew  MPEG LAYER 3

MASTERs 2012

e Layer 3 processing for MPEG-1, 2 and 2.5
e Layer 3 is the audio layer
e More popularly known as MP3

Uses Perceptual Coding

Uses psychoacoustic principles

Patented by Fraunhofer Society and Thomson
Supports both CBR and VBR

Supports multiple bit rates and sample rates
Open source fixed point ports available (Helix)

- - . O
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meee  Audio Coding Principles:
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e Frame Analysis

e Sub-band Processing
e Psychoacoustic processing
e Bit Allocation

e Huffman coding




merace  SUD-Pand Processing
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e How does the human ear work

Filter Amplifier Filter Bank

e Filter bank organized as a set of critical bands
e Frequency to place transform in cochlea.

e This filter bank i1s modeled as a basis for
analysis and synthesis




MICROCHIP
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PSychoacoustiC Processing

e Loudness curves

e Auditory masking
e Temporal masking
e Other Phenomena

Cochlea echoes

Phase Locking

Temporal Integration

Post stimulation auditory fatigue
Auditory adaptation

Haas Effect

Binaural Masking



MICROCHIP . oudness curves
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10k
1K
Threshold of Feeling
100
£
=
= 10
X
3]
oy
g 1
31
S
01
Threshold of Audibility
MiliE
0001 o
16 327 654 1308 261.6 523.2 10465 2003 4186 8372 16744
Frequency (Hz)

Image obtained from www.mp3-converter.com

e Loudness perception depends on frequency
e May vary between individuals
e Allocate less bits to what may not be heard

© 2012 Microchip Technology- Incorporated. All-Rights Reserved: = 1674 AUD
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Auditory Masking

Amplitude

\ Masking Region

A A/

Audible tone

e Sensitivity to similar tones within the critical

band Is reduced

o
audible

© 2012 Microchip Technolog

0
1674 AUD

Frequency

Tone of same amplitude outside critical band is
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Amplitude

rochip-Technotogy Incorporated. Alt Rights Reserve:

Temporal Masking

Audio signal

N

M}

Masking Tone

Masking Region

Time

e Tones before or after masking tones are not audible




sy Post Psychoacoustic
e Processing

e Bit Allocation
e Assign more bits to important information
e Also manage overall bit rate
e Bit reservoir

e Huffman Coding
e Lossless Coding Technique
e Common pattern coded using lesser bits
e Typically implemented using a look up table

= : - :
©2012 Microchip Technology incorporated.-Alt Rights Reserved: ' 1674 AUD Slide 84
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Helix MP3

R S— — e

Algorithm

Pure 32 bit fixed point implementation
Implemented in C

Provides layer 3 support for MPEG -1, 2
and 2.5

Su

oports CBR and VBR

Support mono and stereo modes
ly re-entrant and statically linkable

Fu
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1.

© N o 0 b~ W D

Initialize the decoder

Read a frame

Find MP3 Sync Word (the first time)
Get next frame info (optional)
Decode the MP3 frame

Get last frame info (optional)

Do 2 — 6 till end of file

Free the decoder (if needed)
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e Initialize the decoder

//;include “coder.h”
#include “mp3dec.h”

HMP3Decoder mp3Decoder;
mp3Decoder = MP3InitDecoder () ;

\1/ If mp3Decoder equals NULL, then not enough memory 4//

e Find MP3 Sync Word

/;ffset = MP3FindSyncWord (input,MAX FRAME SIZE) ; i\

// If offset equals 0, the input frame does not
// contain the sync word

- J




mesee  Helix MP3 Lib API
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o Get next frame Info
g )

err = MP3GetNextFrameInfo (mp3Decoder, &frameInfo, input);

// If error equals MP3 INVALID FRAME HEADER, then
// get the next frame and try.

\_ J
e Decode MP3 Frame

err = MP3Decode (mp3Decoder, &input, &bytesLeft, output,0);

// Check err value for any of the possible values.




-—

e Helix MP3 Lib AP
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e Get last frame Information
.

MP3GetLastFrameInfo (mp3Decoder, &mp3Framelnfo) ;

// mp3FrameInfo.outputSamps contains the number of
// output samples

g J

® Free decoder

[MP3FreeDecoder(mp3Decoder); ]
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Rt Helix MP3 Lib AP
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e About MP3 Frame Information

// mp3FrameInfo

o

//;}MP3FrameInfo mp3FrameInfo;

.outputSamps
// mp3FrameInfo.
// mp3FrameInfo.
// mp3FrameInfo.
// mp3FrameInfo.

bitrate
samprate
bitsPerSample
nChans

~

1674 AUD
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e Why RTLL

e Open source library covered by open source
license

e Static Linking, your code may get covered by
the open source license

e Open source code and your code compiled
separately

e Need a way to link dynamically

nle applications can use one instance of
orary

o Multi
the i
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Library 1

System Services

Library 2

S
~
§~
—~—

Your application =

Library N
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e Get Handle to Library

(Qoid * dlopen(char * 1libString, void * libLoadPoint) ; A
// libString - string description of library
\// libLoadPoint - address where the library starts P

e Get handle to library functions

void * dlsym(void * libHandle, char * funcName) ;

// libHandle - handle to the library
// funcName - string description of the function.

~




e RTLL — Helix MP3

MASTERs 2012
0x9D080000 —
Library ___ MP3.X
Ox9D06E100 - nE vy s
- Helix Library”,
0x9DO6E000 Module Header — LibStartuplnit(),
RN nBytesExportTable,
DR ExportTable
AR }
>\ J
~— |AB 3.X
Application
0x9D000000 _

- - - _—_ - - ,.
© 2012 Microchip Technology Incorporated. All Rights Reserved: 1674 AUD
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e dlopen() function

e Checks if library exists
e Call the library startup code

e dlsym() function

e Returns function pointer based on string key

{"HelixMP3InitDecoder"“,
{"HelixMP3FreeDecoder",
{"HelixMP3Decode",
{"HelixMP3GetLastFrameInfo",
{"HelixMP3GetNextFrameInfo",
{"HelixMP3FindSyncWord",
{"HelixMP3RegMalloc",
{"HelixMP3RegFree",

(void
(void
(void
(void
(void
(void
(void
(void

//:;nst T PROC_DCPT exportFunctionsTbl[] =
{

*)MP3InitDecoder},
*)MP3FreeDecoder},
*)MP3Decode},

*)MP3GetLastFramelInfo },
*)MP3GetNextFramelInfo },

*)MP3FindSyncWord},
*)RegisterAppMalloc},
*) RegisterAppFree}

~

/

Q

©2012 Microchip Technology Incorporated.-Alt Rights Reserved.
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e Exporttable published by library
e Contains string description
e Contains pointer to exported function
e Resides inthe RTLL framework

Library can export system service register
Use —g0 option while compiling library code.
Use —no-gc-sections option while linking library code

Application should know
Function description string
Function prototype
Library description string
Library Load Point

functions.

©2012 Microchip-Technology incorporated:. Al Rights Reserved:
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Lab 3.
MP3 Player

> m,%

O

©2012 Microchip-Technology incorporated:. Al Rights Reserved: 1674.AUD 97




MicRaCH Lab 3 Objectives

MASTERs 2012

e Use the Helix MP3 Algorithm API
e Build an MP3 player

e Experiment with MP3 files

e Study RTLL




MicROCHIP Lab 3 Summ aly
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® We used RTLL to invoke Helix MP3
algorithm

e Multiple bit rates are supported
e Helix MP3 APl is invoked through RTLL




Vl;hacnn:Hlp_ Su m ;
e Today we covered:
e Digital Filtering, Aliasing and Convolution
e Speech and Audio Signal Basics

e Speech And Audio encoding and
decoding

e External Codec Interfacing
e Helix MP3 Decoder Algorithm

e RTLL




R | Other tools
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Multimedia Expansion Board

MultimedialExpa £k

PIC32MX1XX/2XX Starter Kit

PIC32MX1XX/2XX Starter Kit
(Part # DM320013)

e A . e e .
© 2012 Microchip Technology Incorporated. All Rights Reserved: 1674 AUD 101
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Applied Speech and Audio Processing — lan McLoughlin,
Cambridge University Press

Digital Signal Processing — Proakis and Manolakis,
Prentice Hall

Audio Signal Processing and Coding — A. Spanias et al.,
Wiley International

The Scientist’s and Engineer’s Guide to DSP — Steve
Smith

Speex User Guide — www.speex.org

Microchip’s AN1367 “Porting the Helix MP3 Decoder
onto Microchip’s PIC32MX 32-bit MCUs”

Microchip’s AN1422 “High quality Audio Application
using the PIC32”


http://www.speex.org/
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