ECE6255
Digital Processing of Speech Signals

Lectures 3-4: DSP Essentials

Chin-Hui Lee
School of Electrical and Computer Engineering

Georgia Institute of Technology

Atlanta, GA 30332, USA
chl@ece.gatech.edu

Center of Signal and Image Processing g ~
Georgia Institute of Technology C SI [: )



Qutline: Topics to be Covered

A Sampling and Quantization
A Digital Signal Sequence Examples
A z-, Fourier and Discrete Fourier Transforms

A Digital Filters
I FIR and IIR realizations

A Sampling Theorem
A Decimation and Interpolation

A Website:
http://users.ece.gatech.edu/~chl/ECE6255.s5p10
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Classification of Signals

Periodic Signal:

i Continuous-time:  X(t+T,) = x(t), -8 <t<no

I Discrete-time: X(n+ N,)=x(n), -8 <n<ano
Aperiodic Signal: applied to most signals

Signals are composed of sinusoidal components:
I Amplitude, frequency, phase shift, sampling rate
X(t) = Asin( 2pt/T,-7) x(n)=Asin(2pn/N,- b)

Energy and Power of Signals:

E=Ilm ., . F]Tsz(t)dt <o P=im,., Y r“]Tsz(t)dt <q
Even and Odd Signals:

i Even: e.g. cosine function X(- t) = x(t)

i Odd: e.g. sine function x(- t) = - x(t)

I Sum:  x(t) = 0.5[x(t) + x(-t)] + 0.5[x(t) - x(-1)]
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Basic Speech Properties

Speech waveform A x,(t) analog

!

Digitization A x.(nT) sampled, continuous

amplitude
AWhat sampling rate is appropriate

A6.4 kHz (telephone bandwidth), 8 kHz (extended telephone BW),
11 kHz (extended bandwidth), 16 kHz (hi-fi speech)

AHow many quantization levels are necessary at each bit rate
(bits/sample)

Ale, 12, 8, é => ultimately deterr

Aspeech coding is concerned with answering this question in an
optimal manner
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Demo Examples

A 5kHz analog bandwidth 8 sampled at 10, 5,
2.5, 1.25 kHz (notice the aliasing that arises
when the sampling rate is below 10 kHz)

A Quantization to various levels 8 12,9,4,2,
and 1 bit quantization (notice the distortion
iIntroduced when the number of bits is too low)

A Music quantization 8 14 bit audio quantized
to various levels:

12 bit audio, 2 bit noise (white noise)

10 bit audio, 4 bit noise (white noise)

8 bit audio, 6 bit noise (colored)

6 bit audio, 8 bit noise (signal correlated somewhat)

Sriah

To Io Do Ix
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Dynamic Range and Quantization

Dynamic Range and Quantization Level
I DR=[minimum amplitude, maximum amplitude]
i In decibel (dB), e.g. 20log2=6dB D =20log,, (V... /V...)

Quantization Interval: n is number of bits

I Quantization noise: g/2 -

i ((q?uantization error: -c?lz <e<q/2 A= NV 127 < NV,
ExQmple: An analog signal has a dynamic range of 40dB,
determine the quantization error as a function of the max
amplitude for (1) 6 bits; (2) 10 bitsg/2=°V,_,, /2° =°V, /64

I We need ¢/2 less than V., , a 6-bit quantization is too coarse, a 10-

bit quantization is too detailed, 8-bit ( ° V,../ 256 ) is fine.

q/2=°V,__ /12" =°V__ /1024
40dB=20log,,(V..0x /V) OF V... =V_ . /100

6 ECE6255 Spring 2010 Center of Signal and Image Processing C SI P

Georgia Institute of Technology



A Bit Rate Computation Example

A Assuming the bandwidth of telephone speech is from 50Hz
to 4KHz and that of music signals is from 15Hz to
22.05KHz. If speech needs 8 bits and music needs 16 bits
per sample. Derive the minimum memory requirements to
store: (1) 10 minutes of speech messages (digital recorder);
(2) an hour of stereophonic music passages.

I Nyquist sampling rate = 8 KHz (samples per sec), bit rate = 8 ksps *
8 bps = 64 Kbps (bits per sec) memory required for 10 minutes = bit
rate * time in seconds / 8 bits per Byte = 4.8 Mbytes

I Nyquist sampling rate = 44.1KHz, bit rate = 44.1 ksps * 16 bps * 2
(stereo) = 1.411 Mbps, memory for 1 hour = 1.411 Mbps * 3600/ 8
bpB = 635.04 Mbytes (a 650MB CD stores a little over an hour)

I Compression to reduce the bit rate requirement and maintain quality
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Speech Plots

MATLAB: plot
e uki/m /\/\/\ /\/\A /\

32 msec >

MATLAB: stem

Y

256 SAMPLES

Fig. 2.1 Representations of a speech signal.
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Specilal Sequences

dn) £ n &
Impulse: _
d(n) =0, otherwise
. uin)=1, n 20
Unit Step:
uin)=0, n <0

Exponential:  X(Nn) = an, n 20
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Special Sequences

Complex Exponential:

a=re" =rcosg, ) ¥ sin( )

x(M=a =r"e&"" £ (cosgn) jisiniyn))
SpecialCaselr= I, , O
X(n)= cosg,n ) +) sin(yn ) - complex sinusoid

Special Case 2, = O
X(N)=r" - simple expondial

SpecialCase 3r< 1 , O
X(n)=r" (cosgyn )+ sinfyn )) - exponentially deging sinusoic
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Signal Displays

ls("’ ()

1

- R G I N - N N Impulse
(b)
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Fig. 2.2 (a) Unit sample; (b) unit step; (c) real exponential; and (d)

damped cosine.
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Signal Processing

ATransform digital signal into more desirable form

x(n) T[ ] y(n)=T[x(n)] ) T[ ] 3

y(n)

(a) (b)

Fig. 2.3 Block diagram representations of: (a) single input/single output
system; (b) single input/multiple output system.

4 t

single inputd multiple output,
e.g., filter bank analysis,
sinusoidal sum analysis, etc.
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Linear Shift-Invariant (LTIl) Systems

A Easiest to understand and easiest to manipulate
A Powerful processing capabilities

A Characterized completely by their response to
unit sample via convolution relationship

y(n)=x(n *Hn a XMH K &(ﬂk(Xﬂ)k

y(n)=hn *Xn, Where *denotes dlscrete convabut

ABasis for linear filtering

AUsed as models for speech production (source
convolved with system modeling the vocal tract and others)
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Transform Representations

Az-transform:
Xx(n)< - - -X§2)

X (2)= a x(n) 2" =

- o

x(n):%[ﬂjX(z) 7t d. ==

Infinite power series in z1, with x(n)
as coefficients of termin z™"

ADirect evaluation using residue theorem
APartial fraction expansion of X(z)
ALong division

APower series expansion

AX(z) converges (is finite) only for certain values of z:

a Ix(M[[z"|dz 3

ARegion of convergence: R, < |z| <R,
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Examples of Convergence Regions
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