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UNIT-V Multirate Digital Signal Processing

» systems that employ multiple sampling rates in
the processing of digital signals are called
multirate digital signal processing systems.

» Multirate systems are sometimes used for
sampling-rate conversion
In most applications multirate systems are used

to improve the performance, or for increased
computational efficiency.

* The basic Sampling operations in a multirate
system are:

Decimation

Decreasing the sampling rate of signal

Interpolation

Increasing the sampling rate of signal

Sampling Rate Reduction by Integer Factor
D

» Decimation by a factor of D, where D is a positive
integer, can be performed as a two-step process,
consisting of an anti-aliasing filtering followed by an
operation known as downsampling

Y(n)=v (nD)
= oo R(F)xinD- k)

v(n) =  h (k)xin- k)

—_ o



In decimation, the sampling rate is reduced from Eto
F./D by discarding D— 1 samples for every D
samples in the original sequence

Hp-1, |W| < /D
0 dhaniz
" Digital anti-aliasing = Sampling-rate
filter compressor
V(n ¥(n
i{n}_} H(n) (n) A Dowrrgmpler (n) .
F.
G F,==
e e e e - B
Tyx

Decimation by a factor D

(=) o . x[n]
G -
@
2
09T
2 2 - 3 ) : s 3 2 n

L] o yin]

) )

£
<
—s

I

1 L - - >
=3 -2 =1 o i 2 3 a n

The frequency domain representation of downsampling can be found by tak-
ing the 2-transform to both sides of (1.5) as

1 M-1

400
JwT'y _ ol Mo eTm .~ J(wT—2xk)/M
Y (eT) _Z;J_"(*m M )e 7 Z_: X(e ). (L.6)



|X1 U—‘-’-“”T}I

—

.L'"| Higegi (270 ]l /\
|
| —

I T T

/M T 2 wTy
Y ()]
./r\ -/\/.\ i
m 2 2Mw wT

Fig. Spectra of the intermediate and decimated sequence

Example 8.2

The sampling rate of a signal x(n) is to be reduced, by decimation, from
96 kHz to 1 kHz. The highest frequency of interest after decimation is 450 Hz.
Assume that an optimal FIR filter is to be used, with an overall passband
ripple, 8, =0.01, and passband deviation, §, = 0.001. Design an efficient degi
mator.

Solution

We will start by finding the most efficient design for each value of 1, I =1,2,
3, 4. We will then compare these designs and select the best.

(1) Fitst let us consider a one-stage design (J/ =1). The block diagram and
filter specifications for the stage are given in Figure 8.10(a).

(2) Next, we consider a two-stage design. Using the design program referred
to in the text, the optimum integer decimation factors for /=2 are
M, =32, M,=3. The two-stage system, including its specifications, is
shown in Figure 8.10(b). At the first stage, the sampling rate is reduced
by 32 to 3 kHz, and, at the second stage, this is further reduced by 3 to
1 kHz.



JETTTFET L Wl BT e -
-+ LPF =1 | % '_:_"' ——{ LPF > | 3 T —| LPE! L) |
| i ym) . | | L y(mi
T— ——— e - S !
T2l Hz %:”&HI f.= % 000Hz Fy=3kHz ij‘lkHl
|
| |
| |
| |
| |
1 |
fl 450 2500 0 400
| | -
i W S0 [ =300 - 2 = 2500Hz fo= 1000 S5 = S00Hz
j,=11.01 2500 - 450 _ -
N=4881

A= (500 - 450),96000 = 5.8 x 1)
fal

Ny= 131, =4, =005

Ny = 1676 = by
(5

» Interpolation by a factor of L, where L 1s a positive
integer, can be realized as a two-step process of
upsampling followed by an anti-imaging filtering.

Sample Rate Expander

X(n) T L ___W(:il
F, e

Anti-imaging Filter

IPF

* An upsampling operation to a discrete-time
signal x(n) produces an upsampled signal y(m)

according to

y(m) = ’;G)rﬂ,ﬂ,;l,
.T.(L.]b TL ;lfl(T?I.)_ H(2) y(m:)




The frequency domain representation of upsampling can be found by
taking the z-transform of both sides

o
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Fig. Spectra of the Original, intermediate and other sequences

Example 8.3

A digital audio system exploits oversampling techniques to relax the require-
ments of the analogue anti-imaging filter. The overall filter specifications for
the system is given below:

baseband 0to 20 kHz
input sampling frequency F, 44.1 kHz
output sampling frequency 176.4 kHz
stopband attenuation 30 dB
passband ripple 0.5 dB
transition width 2 kHz
stopband edge frequency 22.05 kHz

Design a suitable interpolator.

Solution

Using the multirate design program on the PC disk for the book the interpo
tion factors and filter characteristics of the possible interpolators (with integer
factors) are summarized below,



44 1kH= BR.2kH= 176 4kHz>

] 210 44 1 fikHz) 0 20 66 15 f(kHz}
- 1 — 2 = 6515 20
Afy i-'h‘:'i.z ' Ay = 1764
= [0.02324 = 026162
Bp- = LO2Z20O; dgx = L0033 16 dpp = (1. 02'P0:. dg) O D03 LG
Ny = B3 N, =6

Figure 8.20 A two-stage interpolator for Example 5.3,

Normualized
Nurmiber of Inrerpolation Filter length transition Passband Sropband
Stages facior, L, N, wicdlelr AK, ripple . &, ripple | &,
1 4 146 0045 35 D.O53% 25 0,003 16
2 2 [ 0.26162 0.0296 O M3 16
2 B3 002324 00296 0.3 16
Sampling Rate conversion by Integer Rational Factor L/D
Sampling rate conversion by a rational factor ‘L/D’ can be
achieved by first performing mterpolation by the factor ‘L’ and
then decimation the interpolator o/p by a factor ‘D’
In this process both the interpolation and decimator are cascaded
as shown 1n the figure below:
k= XM | Upsampler Filter Filter Downsampler | Y(n)
e 4 hall) | Ra /D ;
Interpolator R i Pl __P_eiz:.l_l:na_tor _________
Rate= %F,ﬁ E,
Rate=1 F,
Method for sampling rate conversion by a factor I/D.
Interpolator Decimator ——
| — - _-___II i —eee T == i
(a) xir) 1 +L - h(k) |I IF__ k) . + M ——i—'h-
‘ _—— ——— —____.._.___} e e — — — = R — 1
F ILF, LF.iM
Eh:. x{n) + I w[il) ,l(_k] \.{l} 4 Ag }'[m]'

e LF, LF; IF M
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Fig. An illustration of interpolation by a rational factor (L=3, M=2)

« Example:

Consider a multirate signal processing problem:

1. State with the aid of block diagrams the process
of changing sampling rate by a non-integer
factor.

11. Develop an expression for the output y[n] and

g[n] as a function of mput x[n] for the multirate
structure of fig .

x[n] —.-T 5 —I-ll() ——l't 2 =]

* Answer:

i

| .We perform the upsampling process by a factor
L following of an interpolation filter h1(1).

2.We continue filtering the output from the
interpolation filter via anti-aliasing filter h2(1)
and finally operate downsampling.



x{n] = T 5 > l 10 T 2 =]
Figure E13.1
Answer:
x[n] —*TF —°|llt“1 ——O‘TE — yn] o
) —{1 s s L2 Flrz o v = s —J) 2 PN Fov
(%[n/2]. forn=2r. [x[n]. forn=2r, )
Hence, x;[n]= ¥2n] and v[n]= 1 = Therefore,

0, otherwise | 0,  otherwise
(X{n]. forn=12r

vinl=1 .
¥in] [ 0, otherwise

Polyphase filters

» Polyphase filters A very useful tool in multirate signal
processing is the so-called poly phase representation of signals
and systems facilitates considerable simplifications of
theoretical results as well as efficient implementation of
multirate systems.

* To formally define it, an LTI system is considered with a
transfer function

H(z)= Z h(n)z™".

=00



Design and Implementation of Poly Phase Filter
Structures for Sampling Rate Conversion

* The sampling rate conversion which is ‘interpolation
(‘decimation’) is also performed by means of poly phase
filter structures as shown in the figure below which results
in better computational efficiency than FIR systems.

x(m)

?

Polr)

pn) ———m—e Rate = F, = IF;

\ yim)
| Rate = F, = IF,
Pi-is ————"

pin)  p——————e

1) T i)

il‘:(ﬂ) HHE_E‘H] _""F_" I“ i(iﬂ] ; IL ¥ Hﬂ(*-L] _"'F'_"
1 y—l
; 2
ot -lx
B~ — () =3
2y T
2 !
s _4”“" o Hy2) —-i

F]

L

[T

Hiy(2h) 2

Fig. Polyphase decomposition of (a) a decimation filter (b) an interpolation
filter



* This realization 1s simple but

inefficient because, g " _—
1.up sampling process introduces l o 1 |
I-1 zero’s between successive 1

points of the signal. |:.

2.1f °I’ 1s large, most of the signal f—m' )

components in the FIR filter are |
WM =4

Zero. = C
3.The multiplications and additions j i ¢

in the FIR filter result in zero’s
due to this large ‘I,

* Therefore it s necessary ) i o
to develop a more E‘g
efficient structure. " . .

* This can be achieved by [j "
embedding the down . ko |
sampling operation ] " Ll \
within the filter it selfas | *
shown in the figure. | i b= ;




POLYPHASE FILTERING EXAMPLE (1)

- Consider K"-order FIR filter with transfer function H given by
coefficients b:

K
Z blE] - = — &]

+ Example: downsampling by 3 after fiHering, how to implement

ylr] =
k=0
efficientiy?
e
wln]

2[n]

I3

y[3n]

= Consider outputs after downsampling and rewrite by grouping
coefficients mth offsets of 3:

y[3n] = Z bl&] -

A“"-U

FIR filter with coefficients

r[3n — k] B{3k] applisd to x[3n]

ﬂ(?— )

Z’HETH applied to dalayed
== b[3&] - &[3(n — B)IH |
_Z [36] - =13 (n — R N ijﬂ _

Z b[Bk 4 1] - 2[3(n — k) — 1]
k=0

FIR filter with
coefficients
b{3k+2]. appled to

B B
3 b3k +2]-2[3(n— k) — 2]

| xmlﬂﬁﬂ

= Graphical representation of rewriting:

x[n]

D
D

Ho(z3)
Hy(2?)
Hﬁ(za) i [”‘] 13 !1[3”-]

» Now the noble identity can be applied to the three subfilters:

_ Original sample rate

| x[n]

o Hop(=2)

ol H1(2)

v

- H.‘l(-‘-'»)

Reduced sample rate
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= Consider K"-order FIR filter with transfer function H given b
coefficients b

K
yln] = Z blk] - x[n — K]
k=
= Example: upsampling by 3 followed by filtering. how to
implement efficiently?

— b - H(z)
[ Mn) T3 x[n] uln]

»  Start with definition, and group by coefficient index:

2y
yln] = z blk] - =|n — k]

k=0
Ko -

= > b[3k] - x[n — 3K]+ Depending
fe=—=0 on n. only
Ky one out of
> b[3k+ 1] - x[n — 3k — 1]+ > three
=0 groups will
Ko be unegual
> b3k + 2] - x[n — 3k — 2] to zero!
E—n i




= Now consider outputs with different offsets separately and keep
only those inputs unequal to zero.
= The result consists of three sequences that are filtered versions
of the signal before upsa}r:_ipling.

O
y[3n] = > b[3k] - z[3(n — k)]
k=0
K
y[3n + 1] = Zl b[3k + 1] - =[3(n — &) [H D]
k=0
”
y[3n+ 2] = f b[3k 4+ 2] - [3(n — k)] @
k=0

= The previous equations represent:

x[3n]
>

x[n]

ta

y[3n]

=

Hp(=%)

"

H1(23)

y[3n + 1] y[n]

e »®

Ha(23)

y[3n + 2]_=‘

Applications of Multirate DSP

* Multirate systems are used in a CD player when the
music signal 1s converted from digital into analog

(DAQ).
Disc 41kHz 3328 kHz
14-bat Low pass
» > »
Ovessaaagling DAC filter
Laser EMF Error and time | 3 S
Pickup A demodulation comection digntal
filter
. 14-bit Low-pass
DAC filter [




Fig. Digital to Analogue conversion for a CD player using x8 oversampling

ofci] |

The ellect ol oversampling also has some other
desirable features:

Firstly, it causes the image frequencies to be much
higher and therefore easier to filter out.

Secondly reducing the noise power spectral density,
by sprcading the noisc power over a larger
bandwidth.

Total power
Bandwidth

Noise power spectral density —



High quality Analog to Digital conversion for
digital audio

W) [Deasigna
mod

| Decmator
Single bt

Stream

PCM code

0-2kHz J072MHz 48kH:

Fig. Simplified block diagram of single-bit ADC scheme

Speech Compression

Data Rates

m [elephone quality voice:
8000 samples/sec, 8 bits/sample, mono

64Kb/s

m CD quality audio:
44100 samples/sec, 16 bits/sample, stereo

~1.4Mb/s

» Communications channels and storage cost money
(althoughless than they used to)
What can we do to reduce the transmission and/or
storage costs without sacrificing too much quality?



Speech Codec Overview

m PCM - send every sample

m DPCM - send differences between samples
= ADPCM - send diff

'~
D iVl 2ol I il

code them

m SB-ADPCM - wideband codec, use ADPCM
twice, once for lower frequencies, again at lower
bitrate for upper frequencies.

m LPC - linear model of speech formation

m CELP - use LPC as base, but also use some
bits to code corrections for the things LPC
gets wrong.

PCM

m p-law and a-law PCM have already reduced the
data sent.

m Lost frequencies above 4KHz.
m Non-linear encoding to reduce bits per sample.

m However, each sample is still independently
encoded.

In reality, samples are correlated.

Can utilize this correlation to reduce the data
sent.

Differential PCM

m Normally the difference between samples is
relatively small and can be coded with less than
8 bits.

m Simplest codec sends only the differences
between samples.

Typically use 6 bits for difference, rather than
8 bits for absolute value.

m Compression is /ossy, as not all differences can
be coded
Decoded signal is slightly degraded.

Next difference must then be encoded off the
previous



Difference

accurately
coded Code next
in 6 bits 4 difference
A Lossy off previous
Compression 1 decoded
'y sample
Y \
. \ max 6 bit
4 difference|

\

ADPCM (Adaptive Differential PCM)

m Makes a simple prediction of the next sample, based

on weighted previous n samples.

For G.721, previous 8 weighted samples are added
to make the prediction.

m Lossy coding of the difference between the actual
sample and the prediction.

Difference is quantized into 4 bits = 32Kb/s sent.

Quantization levels are adaptive, based on the
content of the audio.

m Receiver runs same prediction algorithm and adaptive
quantization levels to reconstruct speech.

Measured

samples

+

Adaptive '

Transmitted
values

Quantizer I

[
Ll



Adaptive quantization cannot always exactly encode a
difference.

Shows up as quantization noise.
Modems and fax machines try to use the full channel
capacity.

If they succeed, one sample is not predictable from
the next.

ADPCM will cause them to fail or work poorly.

ADPCM not normally used on national voice circuits,
butcommonly used internationally to save capacity on
expensive satellite or undersea fibres.

Predictor Error

m \What happens if the signal gets corrupted
while being transmitted?

Wrong value will be decoded.
Predictor will be incorrect.
All future values will be decoded incorrectly!

m Modern voice circuits have low but non-zero

error rates.

But ADPCM was used on older circuits with
higher loss rates too. How?

ADPCM Predictor Error

m Want to design a codec so that errors do not
persist.

m Build in an automatic decay towards zero.

If only differences of zero were sent, the
predictor would decay the predicted (and
hence decoded) value towards zero.

m Differences have a mean value of zero (there
are as many positive differences as negative
ones).



L Difference
Transmitted
- >

Decayed Prediction= 0.9p
__ |

el
L/ Actual Prediction, p

/ Quantized ‘T?é%

Transmission

e & e 1 [ % d
g Tr "= 4 ; !-EITOI' 1 f l, 7 i F. 1
! ! e | ;o4 ! f3

Y el
Decoder Predictor error
predictor decays away
incorrect

Sub-band ADPCM

m Regular ADPCM reduces the bitrate of 8KHz sampled
audio (typically 32Kb/s).
= |[f we have a 64Kb/s channel (eg ISDN), we could
use the same techniques to produce better that toll-
quality.
m Could just use ADPCM with 16KHz sampled
audio, but notall frequencies are of equal
importance.
0-3.5KHz important for intelligibility
3.5-7TKHz helps speaker recognition and conveys
emotion




Sub-band ADPCM

Filter into two bands:
50 Hz-3.5 KHz: sample at 8 kHz, encode at 48 KB/s

3.5 KHz- 7 KHz: sample at 16 kHz, encode at 16 KB/s

16Kb/s

4 KHz-7 KHz | upper sub-band
analog _y| ADPCM encoder 64Kb/s

Analog
output

signalin

Lower sub-band
ADPCM encoder

48Kb/s
ADPCM

50Hz-4KHz
analoaq

m Practical issue:
Unless you have dedicated hardware, probably can’t
sample two sub-bands separately at the same time.
Need to process digitally.
= Sample at 16KHz.

= Use digital filters to split sub-bands and
downsample the lower sub-band to 8KHz.

Key point of Sub-band ADPCM:

Not all frequencies are of equal importance
(quantization noiseis more disruptive to some parts

of the signal than others)
Allocate the bits where they do most good.

Model-based Coding

m PCM, DPCM and ADPCM directly code the received
audio signal.

m An alternative approach is to build a parameterized
model ofthe sound source (ie. Human voice).



m For each time slice (eg 20ms):

Analyse the audio signal to determine how the
signalwas produced.

Determine the model parameters that fit.
Send the model parameters.

m At the receiver, synthesize the voice from the model
and received parameters.

Voiced sounds: series of pulses
of air as larynx opens and closes.
o p eech formation Basic tone then shaped by
changing resonance of vocal tract.
Unvoiced sounds: larynx held
& open, turbulent noise made in
- mouth.

Vocal fracty. = | /2
(resonance) %

Larynx
(vocal cords)} 7

Linear Predictive Coding (LPC)

m Introduced in 1960s.

m Low-bitrate encoder:
1.2Kb/s - 4Kb/s

m Sounds very synthetic

Basic LPC mostly used where bitrate really
matters (eg in miltary applications)

Most modern voice codecs (eg GSM) are
based on enhanced LPC encoders.



m Digitize signal, and split into segments (eg
20ms)

m For each segment, determine:

Pitch of the signal (ie basic formant
frequency)

Loudness of the signal.

Whether sound is voiced or unvoiced
= Voiced: vowels, ‘m”, “v”, “I"
= Unvoiced: “f’, “s”

Vocal tract excitation parameters (LPC
Coefficients)

LPC Decoder

LPC
Frame ---------------------------
Loudnes

s frereereemereeeeaeeas : :

Receiv | Voiced Audi
ed or > Vocal : V o
LPC unvoic :olzc:hemz V _ Vocall sigp

T edtc —L ’ —Gai > |

Unvoice _T i modal
d filter :
synthesiz -
LPC er .
Vocal ....................................... .
tract
model
coefficien
ts

m Vocal chord synthesizer generates a series of impulses.
m Unvoiced synthesizer is a white noise source.

m Vocal tract model uses a linear predictive filter.
nthsample is a linear combination of the previous p
samples plus an error term:

Xp= QX T AyXy T T a,,Te,
e, comes from the synthesizer.
The coefficients a,.. a, comprise the vocal tract
model, and shape the synthesized sounds.



LPC Encoder

Once pitch and voice/unvoiced are determined,
encoding consists of deriving the optimal LPC
coefficients (a,.. a,) for the vocal tract model so as to
minimize the mean-square error between the predicted
signal and the actual signal.

Problem is straightforward in principle. In practice it
iInvolves:

The computation of a matrix of coefficient values.
The solution of a set of linear equations.

Several different ways exist to do this efficiently
(autocorrelation, covariance, recursive latice
formulation) to assure convergence to a unique
solution.

Limitations of LPC Model

m LPC linear predictor is very simple.

For this to work, the vocal tract “tube” must not
have any side branches (these would require
a more complex model).

OK for vowels (tube is a reasonable model)

For nasal sounds, nose cavity forms a side
branch.

m |n practice this is ignored in pure LPC.

More complex codecs attempt to code
the residue signal, which helps correct
this.

Code Excited Linear Prediction (CELP)

m Goal is to efficiently encode the residue signal,

improving speech quality over LPC, but without
increasing the bit rate too much.

m CELP codecs use a codebook of typical residue

values.

Analyzer compares residue to codebook
values.

Chooses value which is closest.
Sends that value.

m Receiver looks up the code in its codebook,

retrieves the residue, and uses this to excite



m Problem is that codebook would require different
residue valuesfor every possible voice pitch.

Codebook search would be slow, and code would
require a lotof bits to send.

m One solution is to have two codebooks.

One fixed by codec designers, just large enough to
representone pitch period of residue.

One dynamically filled in with copies of the
previous residue delayed by various amounts
(delay provides the pitch)

m CELP algorithm using these techniques can provide
pretty good quality at 4. 8Kb/s.

Enhanced LPC Usage
m GSM (Groupe Speciale

Mobile)
Residual Pulse Excited
LPC
13Kb/s
m LD-CELP
Low-delay Code-Excited Linear Prediction
(G.728)
16Kb/s
m CS-ACELP
Conjugate Structure Algebraic CELP (G.729)
8Kb/s
s MP-MLQ

Adaptive Filters

the signal and/or noise characteristics are often
nonstationary and the statistical parameters vary
with time

An adaptive filter has an adaptation algorithm, that is
meant to monitor the environment and vary the filter
transfer function accordingly

based in the actual signals received, attempts to find
the optimum filter design



The basic operation now involves two processes:

1.a filtering process, which produces an output signal
in response to a given input signal.

2.an adaptation process, which aims to adjust the filter
parameters (filter transfer function) to the (possibly
time-varying) environment
Often, the (average) square value of the errorsignal is

used as the optimization criterion

- Because of complexity of the optimizing algorithms
most adaptive filters are digital filters that perform
digital signal processing

filrer mpur
When processing

analog signals,

theadaptive filter

is then preceded ) fler parameters
by A/D and D/A

convertors.

filter output

error desired signal

Prototype adaptive digital filtering scheme with A/D and D/A

The generalization to adaptive IIR filters leads to

stability problems o

It's common to use T v
a FIR digital filter
with adjustable

coefficients
- filter output
a +
efTor desired sipnal Y
a*-h\v-——&l-— a

Prototype adaptive FIR filtering scheme



Adaptive Filters - Applications

Used to provide a linear model of an unknown
plant
Applications:

System identification

/

Mo Adaptive

filter ‘

= A
[
e
+ |'|r
System System
; & Plant >

mput output

Y

 J

Echo Cancellation

far-end signal

~ 1

- = ——D

near-=nd si gnal -

+ residual echo

Acoustic echo cancellation



Application Examples

System Identification:
+  Channel identification; Echo Cancellation
+ Inverse System Identification:

» Digital communications equalisation.

Noise Cancellation:
* Active Noise Cancellation; Interference cancellation for CDMA
* Prediction:

» Periodic noise suppression; Periodic signal extraction;
Speech coders; CMDA interference suppression.

Echo Cancellation

s+ Local line echo cancellation is widely used in data modems (V-series)
and in telephone exchanges far echo reduction.

“_morning” i
AR R 1 i
Input Signal :
ADC -
1
+ Echo Path : % .morning”
) e.g. Hybrid | A
-| Adaptive Telephane
Filter e Connection :
, . 1 B
Cutput Signal y(k) l iﬁg’;’?‘: T
- '
B ‘D«BACH @=+ i ADC = i
“Hello” e(k) _j ;
1
B +echoora London !  Paris
1

sHello” “.merning”



Channel Equalisation

» To improve the bandwidth of a channel we can attempt to equalise a
communication channel:

Trainng  S(K)

Sequence '|5
*Virtual wire” -
(k)
(k) 4 i +
Training Telephone Adaptive |
DAC — —ADC—# Adapuve Tl : [
Sequence " channel son Filter _ e(k)
s(k 7
| NEW YORK, USA| | GLASGOW, UK|
Applications are many New Trends in Adaptive Filtering
=Digital Communications Partial Updating Weights.
(OFDM , MIMO , CDMA, and Sub-band adaptive filtering.

RFID)
»Channel Equalisation
»Adaptive noise cancellation

Adaptive Kalman filtering.
Affine Projection Method.

»Adaptive echo cancellation Time-Space adaptive processing.
»System identification Non-Linear adaptive filtering:-
sSmart antenna Systems _INeural Networks.

*Blind system equalisation 1 The Volterra Series Algorithm .

*And many, many others .

- Blind Adaptive Filtering.




Musical Sound Processing

The audio effects are artificially generated using various signal
processing circuits and devices, and increasingly by digital signal
processing techniques, often referred as Musical Sound processing.
All musical programs are produced in basically two stages:

The signals from each track are
manipulated by the sound engineer

:> to add special audio effects and are
combined in a mix-down system to

Sound from each individual
instrument is recorded in an
acoustically inert studio on a
single track of a multi-track

+AanA ra~rAvdAr

finally generate the stereo
recording on a two-track tape

Time Domain Operation

Commonly used time-domain operations are:

reverbera
ti-on

Echo
generation

Chorus
generation




Single Echo Filter

Echo are simply generated by delay units. Because of the com like shape of the
magnitude response, such a filter is known as comb filter.

For example, the direct sound and a single echo appearing R sampling periods

later can be simply generated by the FIR filter shown in Fig., which is
characterized by the difference equation:

vin]l=x[n]+oax[n—R], |a|<]1

x[n) 1 ..@_. vin]

R

-

N
V

Multiple Echo Filter

To generate a fixed number of multiple echoes spaced R sampling periods with
the exponentially decaying amplitudes.

One can use an FIR filter with a transfer function of the form:

1—a¥ z™NR
H(z) =
1—az R
Al + -@—t vinl

|

N
;H.N-Iht

|

N
l":n N




Reverberation

% The reverberation is considered o densely packed echoes.

% The IIR comb filter by itself does not provide natural-sounding reverberation
for two reasons, which are:

¢ Its magnitude response is not constant for all frequencies, resulting in a
"coloration” of many musical sound that are often unpleasant for
listening.

e The output echo density given by number of echoes per second
generated by a unit impulse at the input is much lower than that
observed in a real room thus causing "fluttering" of the composite
sound.

Flanging

« A number of special sound effects are often used in the mix-down process.
One such effect is flanging.

+ It was created by feeding the same musical piece to tape recorders and then
combining their delayed outputs while varying the difference between their
delay.

% One way of varying time is to slow down one of the tape recorders by placing
the operators thumb on the flange of the feed reel, which is led to the name
flanging.

% Flanging Effect:

x|n| »(+)— V1] y[n] = x[n] + axjn — p(n)]
() Periodically varying the delay £() between 0 and R with low frequency o, such as
[;?’ Bin) = g{[ —cos(m,n))

Chorus Generator and Phasing

% The chorus effect is achieved when several musicians are playing the same
musical piece at the same time but with small changes in the amplitude and
small timing differences between their sounds.

« The phasing effect is produced by processing the signal through a




narrowband notch filter with variable botch characteristics and adding a
scaled portion of the notch filter output the original signal.

+»» Chorus Effect:

Oy l
z—Bl(I'l) 1
Ly
x[n] o ~Ban) - — Vln]

o

J —B,m) :

« Phasing Effect:
x[n] ! (H— yln]

Notch filter with
variable notch
frequency

o

Frequency-Domain Operations

+ These effects are achieved by passing the original signals through an
equalizer, the purpose of equalizer is to provide "presence" by peaking the
mid-frequency components in the range of 1.5 GHz to 3 GHz and to modify
the bass-treble relationships by providing boost or cut to componnets outside
this range.

+ Advantages:

an information can be conveyed, displayed or manipulated

perfect reproducibility-identical performance from unit to unit.
Guaranteed accuracy is only determined by the number of bits used.
Stored almost indefinitely without loss of information

+ Disadvantages:
e Speed and cost- be expensive with large bandwidth signals
e DSP designs can be time consuming plus need the necessary resources
(software etc.)
e Finite word-length problems - if only a limited number of bits is used due to
economic considerations, serious degradation may result in system
performance.




Output from the Algorithm
Single Echo Filter
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Impulse Response with
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Multiple Echo Filter
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Reverberation

Block Diagram
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The transfer function of the allpass

reverberator is given by
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Impulse Response with A=0.8 for R=4

Image Enhancement

An image defined m the “real C_)_r_i_ginal\ Image
world” 1s considered to be a function of B
two real variables, for example, a(x.y)
with a as the amplitude (e.g. brightness) of
the image at the real coordinate position
(x.y)

Image processing is the study of
any algorithm that takes an image as input
and returns an image as output. It includes
the following:

1. Image display and printing
2. Image editing and

manipulation
. Image enhancement
. Feature detection

| N N

. Image compression.




WHY IMAGE ENHANCEMENT?

| The amm of image enhancement is to mmprove the visual appearance of an
umage, or to provide a “better transform representation for future automated

1mage processing.

/| Many mmages like medical images, satellite images. aerial images and ®mreal life
photographs suffer from poor contrast and noise.

/| Tt 1s necessary to enhance the contrast and remove the noise to increase nz
quality.

‘' Enhancement techniques which improves the quality (clarity) of images for

human viewing, removing blurring and noise, increasing contrast, and
revealing details are examples of enhancement operations.

WHAT IS IMAGE ENHANCEMENT?

/ Image enhancement process consists of a collection of techniques I seek to
immprove the visual appearance of an image or to convert the image to a
form better suited for analysis by a human or machine.

'/ The principal objective of image enhancement is to modify attributes dan
immage to make it more suitable for a given task and a specific observer.

— Enhancement )

Technique

InputImage “Better” Image

Application specific

IMAGE ENHANCEMENT
TECHNIQUES:

The existing techniques of mmage enhancement can be classified into
two categories:

+ Spatial domain enhancement
+ Frequency domain enhancement.




Image Enhancement

l

|

|

|

Point operation Spatial operation Transform Operation
. Noise smoothing o Linear filtering
*  Contrast stretchi ' k :
* Noise clipping * *  Median filtering « Root filtering Pseudo-coloring
¢ Window slicing * LP, HP & BP filtering e Homomorphic * False mlnﬁng
« Histogram modelling ¢ Zooming filtering e Pseudo-coloring
Examples

1. Noise removal

2. Contrast adjustment

Noisy image De-noised image




Spatial Domain Enhancement

*Spatial domain techniques are performed to
the image plane itself and they are based on )= T ]
= = & - = = aix.y) = Xy
direct manipulation of pixels mn an 1mage. >y

* The operation can be formulated as

2(x,y)=T][f(x,v)]. where g is the output, fis the
input image and T is an operation on f defined x¥)
over some neighbourhood of (x.,y). A

Y

*According to the operations on the image
pixels, it can be further divided into 2
categories:

OPoint operations and

OSpatial operations (including linear and non-
linear operations).

Enhancement Methods

1.Contrast stretching :

«Low-contrast images can result from poor illumination. lack of dynamic range n
the image sensor, or even wrong setting of a lens aperture.

*The idea behind contrast stretching is to increase the dynamic range of the gray
levels i the 1mmage bemg processed.

* The general form is:

1= im/nE

where, r are the mnput image values, s are the output image
values, m 1s the thresholding value and E the slope.
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Figure shows the effect of the variable E:

* IfE =1 the stretching became a threshold transformation.

« IfE = 1 the transformation 1s defined by the curve which 1s smoother and
« When E < 1 the transformation makes the negative and also stretching.

Noise Reduction

This 1s accomplished by averaging and median filtering. These
are as follows:

a. Median Filtering :

* The median filter 1s normally used to reduce noise in an image by
preserving useful detail in the image.

»  The median filter considers each pixel in the image m turn and looks at its
nearby neighbors to decide whether or not 1t 1s representative of ifs
surroundings.

* The median is calculated by first sorting all the pixel values from the
surrounding neighborhood mto numerical order and then replacing the

pixel being considered with the middle pixel value.

Figure below illustrates an example calculation.

123 (125 | 126 | 130 | 140

R Neighbourhood values:
122 | 124 | 126 | 127 | 135

115, 119, 120, 123, 124,
118 | 120 | 150 | 125 | 134 125, 126, 127, 150

119 | 115 | 119 | 123 | 133

e Median value: 124
111 | 116 | 110 | 120 | 130




h_Noise removal using Averaging:

» Image averaging works on the assumption that the noise in your image is
truly random.

» This way, random fluctuations above and below actual image data will
gradually even oul as one averages more and 1iore nnages.

«If you were to take two shots of a smooth gray patch, using the same camera

settings and under identical conditions (temperature, lighting, etc.), then vou would
obtain images similar to those shown on the left.

«If we were to take the pixel value at each location along the dashed line, and
average 1t with value for the pixel in the same location for the other image, then the
brightness variation would be reduced as tollows:

Intensity Adjustment

= Intensity adjustment 1s a technique for mapping an image's intensity values to
a new range.
= For example, rice.tif. 1s a low contrast image. The histogram of rice.tif, shown

in Figure below, indicates that there are no values below 40 or above 225. If
you remap the data values to fill the entire intensity range [0, 255], you can
increase the contrast of the image.

- You can do this kind of adjustment with the imadjust function. The general
syntax of imadjust 1s

J=1madjust(L,[low i high n].[low out high out])




o 50 100 150 200 250

Histogram Equalization

Histogram Equalization 1s a technique that generates a gray map which
changes the histogram of an mmage and redistributing all pixels values to be as
close as possible to a user — specified desired histogram.

It allows for areas of lower local contrast to gain a higher confrast.

i

Figure above shows the original image and its histogram, and the equalized
versions. Both images are quantized to 64grey levels.




Image Thresholding

* Thresholding 1s the simplest segmentation method.
* The pixels are partitioned depending on their intensity value T.
* Global thresholding. using an appropriate threshold T:

a(x, v)= Liff(x,y)>T
0,iff(x,y)<=T

* Imagine a poker playing robot that needs to visually interpret the cards in 1ts
hand:

Original Image Thresholded Image
If yvou get the threshold wrong the results can be disastrous:

s
4449
3

"

L
b

Threshold Too High Threshold Too Low




Gray Level Slicing

. Grey level slicing is the spatial domain equivalent to band-pass
filtering.
= A grey level slicing function can either emphasize a group of intensities
and diminish all others or it can emphasize a group of grey levels and
leave the rest | - #
/'I-.r'J L

i T{r)

0 x B L1 % 0 A B LT

The figure above shows An example of gray level slicing with and without
background

Image Rotation

= Image rotation in the digital domain is a form of re-sampling but is
performed on non-integer pomnts.

*The equation below gives the coordinate transformation in terms of rotation
of the coordinate axis.
Sx = DX cos(8) + Dy sin(6)
Sy = -Dx sin(8) + Dy cos (8)
Where, S and D represent source and destination coordinales.

0° rotation 90" rotation 180° rotation




Conversion Methods
1.Greyscale conversion:

*Conversion of a colour 1mage 1nto a greyscale image mclusive of salient features
1s a complicated process.

*The converted greyscale image may lose contrasts, sharpness. shadow, and
structure of the colour image.

+To preserve these salient features, the colour iimage is converted into greyscale
image using three algorithms as stated:

a. The lightness method averages the most prominent and least prominent
colors: (max(R, G. B) + min(R. G, B))/ 2.

b. The average method simply averages the values: (R + G +B)/ 3.

c. The luminosity method 1s a more sophisticated version of the average
method. The formula for luminosity 1s 0.21 R +0.71 G + 0.07 B.

Examples:

Average




. Image File Format:

The file format 1s critical to the preservation of an image.
The TIFF file (tagged image file format) is the current preservation format
because 1t holds all the preservation information required to create a digital

master of the criginal.

Some of the file formats are: TIFF Preferred Archival format, JPEG
Irreversible image compression, DNG Universal camera raw format etc.

— ) ————

Original JPEG Compression

Resources Required

Software requirements:
1. Windows Operating System XP and above.
2. MATLAB 7.10.0(R2010a)

Hardware requirements:
1. Hard disk: 16GB and above.
2. RAM: 1GB and above.
3. Processor: Dual-core and above.




Examples
Original Image Image with Salt & Pepper Noise

Contrast Stretched Image




Grayscale slicing background Grayscale slicing without
background

180 degree rotation

i; H -
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APPLICATIONS

Astronomy

Biology

Medicines

Satellite Imaging




APPLICATIONS

m In single-rate DSP systems, all data is sampled at the same rate
m no change of rate within the system.

within the system
m Multirate can offer several advantages
m reduced computational compiexity
m reduced transmission data rate.

Example : Audio Sample Rate Conversion

W recording studios use 192 kHz
m CD uses 44.1 kHz

M wideband speech coding using 16 kHz

B master from studio must be rate-converted by a factor

44 .1
192

Example : Oversampling ADC

Consider a Nyquist rate ADC in which the signal is sampled at the desired
precision and at a rate such that Nyquist's sampling criterion is just
satisfied.

M Bandwidth for audio is 20 Hz < f < 20 kHz

H Antialiasing filter required has very demanding specification

|H(jw)| =0dB, f < 20kHz
44 1

|H(jo)| < 96 dB, f 2 "> kHz

B Requires high order analogue filter such as elliptic filters that have very
nonlinear phase characteristics

MW hard to design, expensive and bad for audio quality.




Nyquist Rate Conversion Anti-aliasing Filter.

| Hi(w) | E ~
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Consider oversampling the signal at, say, 64 times the Nyquist rate but
with lower precision. Then use multirate techniques to convert sample rate
back to 44.1 kHz with full precision.

W New (over-sampled) sampling rate is 44.1 x 64 kHz.

W Requires simple antialiasing filter

|H(jw)| =0dB, f < 20kHz

[H(jw)| < 96 dB, f > (4.1 x 64)— 44%kHz

B Could be implemented by simple filter (eg. RC network)

m Recover desired sampling rate by downsampling process.

Oversampled Conversion Antialiasing Filter
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