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1.1 Historical About the Subject:

Speech synthesis was the driving force behind initial attempts 

to process signals digitally.

In 'sixties, Computer Simulations were carried out in the

medical research, oceanography, radar and problems in speech. The

area was scattered, however, and some of the existing techniques

were not clearly comprehended. Charles M. Rader and Bernard 
2

Gold of Massachusetts Institute of Technology (MIT) were amongst 

the first to realize the importance of providing unified and in-depth 

coverage of this topic. They wrote a book in 1969 on digital signal 

processing. The book provides fundamental material useful to design

digital hardware and general purpose digital structures to solve

signal processing problems. In 'sixties, however, the ESP hardware 

used discrete components and consequently, because of the high 

cost and volume, its application could only be justified for very

specialied requirements.

3 4Oppenheim and Schafer and Rabnier and Gold worked hard to

clarify, expand and organize the fundamentals and tools of digital

signal processing. The field of ESP has grown considerably during

the past decade with increased utilization in the advanced applica-
5

tions. At present every major semiconductor manufacturer offers 

general as well as dedicated processors and devices. The DSP processors



now available t have many advantages over general purpose micro­

processors . In specific disciplines involving a lot of analyses, e. g., 

seismic processing, imaging, animation etc., DSP techniques have 

offered vast and complex computational capabilities thereby leading 

to compact designs and to production of efficient real time signal 

processing systems. The on-going microelectronics revolution with 

substantive supporting software, availability of DSP processors, 

and interface chips have added further impetus to this growth. Simplified 

block diagram of DSP is as shown in Fig. 1.1.

1.2.1 Advantages of DSP:

DSP techniques have numerous advantages as given below:

1
1 High precesion, hence predictability

5
2 Controlled accumulation of noise

3 Stability, no drift with change in environmental conditions 

such as temperature, humidity and age

4 Hardware cost, independent of complexity

5 Easy to modify

6 Easy to debug, hence short development time

7 Amenable for simulation

8 Simpler hardware (lower cost and greater* reliability)

9 Easy implementation of analog impracticable functions.

1.2.2 Limitations of DSP:

Besides the above mentioned advantages, there are some
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limitations of DSP. ^

1 Limited band width due to sampling rate

2 Limited dynamic range

3 Quantization error

4 Round off error.

1.2.3 Applications of DSP:

There are many applications of DSP. Now-a-days DSP is 

used in almost all fields. Some of the areas where DSP is extensively 

used, are listed below:

a) Voice/Speech - IBP is used in the following fields:

Voice mail Speech vocoding

Speech recognition Speech enhancement,

Speech synthesis and text to speech conversion.

b) Graphics/Imaging - In this field DSP is used in the following 

areas:

3D-rotation, robot vision,

Pattern recognition, Image enhancement,

Image transmission, Image compression,

and animation.

c) Control - Areas where DSP is used in this field are:

Disc control Servo control

Robot control, 

Engine control,

Laser printer control, 

and motor control.
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d) Instrumentation - ISP is also used extensively in

Spectrum analysis, Function generation,

Pattern matching, Seismic processing,

Transient analysis,

Phase looked loops.

Digital fitering, and

e) Military-military applications of DSP include:

Secure communication, Radar processing,

Sonar processing, Image processing,

Navigation,

Radio frequency modems.

Missile guidance, and

f) Telecommunications - In the vast field of telecommunication DSP 

finds application in -

Line repeaters, Channel multiplexing,

Adaptive equilizers, Encoding/decoding

Noise cancellation,

Echo cancellation

1200 to 19200 bps modems,

Video conferencing.

g) Automotive applications - In this field DSP is used for

Vibration analysis, Engine control,

Antiskid breaks,

and voice commands.

Adaptive ride control,

h) Consumer-consumer applications of DSP are

Digital audio/T.V. 

rcduaatlonal toy*.

Music synthesizer,



i) Industrial applications - In industries ESP is used for

Numeric controls, Security access,

Robotics and power line controls.

j) Medical uses - Areas where DSP is used in this field are

Hearing aids, Patient monitoring,

Ultrasound equipment, Dignostic tools,

Foetal monitors, and Sonography.

k) General purpose applications of DSP are,

Digital filtering, Convolution,

Correlation, Hilbert transformers,

Adaptive filtering, Windowing, and

Waveform generation.

1.3 Architectural Review of Chips of DSP:

Before the advent of VLSI technology, it was known that

signals could be processed digitally but it required a complex and

costly hardware with limited bandwidth. However, advances in VLSI

technology and availability of complex algorithms have paved a new

direction for digital signals processing of the analog signals. About

10 years ago the first DSP chip to appear in the market was AMIS 2811.
6However, TMS 32010 was the first member of DSP to gain popularity.

DSPs are similar to micro-processors in that they execute 

programs, fetch instructions and data from memory, and perform 

various operations. However, they are different from microprocessors
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in certain aspects as their emphasis is on multiply-accumulate (MAC) 

operation. DSPs TMS 32030, DSP 56001, DSP 16A can perform MAC 

operation in a single clock cycle of 60 to 80 nanosecond, which 

gives 25 to 33 million floating point operations per second (MFLOPS).

Other features of DSP include parallelism and pipelining, independent
7

emones, bit reverse addressing modes etc..

8DSPs employ Harvard architecture. TMS 32010 uses basic 

Harvard architecture where program and data memory banks are 

separated. The DSPs TMS 32020 and TMS 320C25 use first modified 

Harvard architecture where operands can be accessed from program 

memory.

1.3.1. TMS 320 Family of DSP:

In TMS 320C30 the instruction cache is expanded to become

a memory bank. The DSPi from Hitachi uses six memory banks. 

Fujitsu's MB86232 uses program memory and multiported data memory

for parallel fetching of data. Most of the recent DSPs are micro­

computers and not microprocessors as memory is on chip and speed
9

is also large. Intel 2920 is the first ESP which provides on chip
g

A/D, D/A and sample and hold circuits. TMS 32010 provides separate 

shifter with throughput of 5 MIPS. It aEows constants to be embedded 

in the instructions, supports paraUel operations. Complex instruction 

can be executed in single cycle. TMS 320C25 has Instruction Cycle 

time around 100 ns. The latest version TMS 320C30 is a faster
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version with 60 ns cycle time.

1.3.2 DSP 2100:

It is programmable digital signal processor (100 Pin PGA) 

package. It contains two dedicated data address generators and 

program sequencer, which helps in simultaneous dual operand address 

generation.

It can fetch an instruction, compute the next instruction 

address, perform one or two data transfers, update one or two 

data pointers and perform computations in one single cycle. It supports 

4 priority interrupts, operates at 12.5 MHz, having throughput 12.5 

MIPS and provides two on chip serial ports, programmable timer, 

Interrupt capability, program memory and data memory.

1.3.3 Motorola's DSP 56001:

11It is available in 88 pin PGA package. It has provision of two 

expandable data memory spaces, two address arithmatic units, data 

ALU having two accumulators and two shifter/limiter which are advantage­

ous in image processing applications. It has 4 data buses and 3 

address buses. External memory can be addressed by single 16 

bit bus. It also provides two serial communication interfaces for 

serial communication to other DSPs and microprocessors at maximum 

rate of 2.5 M.bits/sec. The chip has 32 words bootstrap ROM which 

is not user-accessible. DSP 56001 has advanced I/O capability, 

each I/O interface has its own control, status, and data registers,
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the I/O's being used as memory mapped I/O.

1.3.4 Vector Signal Processor (VSP):

Zoran Inc. USA is the manufacturer of high performance
12floating point vector signal processors VSP-325 whose architecture is 

optimised to efficiently execute a wide variety of DSP algorithms 

including ID/2D FFT, filters etc.. It has high level vector-oriented 

instruction set e.g., FFT is a single instruction; it supports complete 

IEEE 754-1985 for all operations including arithmetic, rounding etc.. 

Number of VSP 325s can be paralleled on the same bus to increase 

signal processing throughput.

Vector signal processor has the following features:

i) Vectorized interrupts

ii) Master/slave capability

iii) Embeded DSP algorithms

iv) Floating point multipliers

v) 44 bit real and imaginary registers

vi) 64 complex (real/imaginary) word memory

vii) Four instruction cache

viii) 1024 complex sine look up table.

It has single operand instructions such as FFT, IFFT and

long vector/matrix type e.g., FIR, DR, DFT, IDFT etc.. The data

movement and arithmetic operations operate on vectors as many

as 64K. Typical time required for some operations is as given below:
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a) 1024 point complex FFT - 1730 ys

b) 2D FIR (3 x 3 - per output) - 1.12 ps.

c) 10 x 10 real matrix multiplication - 132 ps.

1.3.5 Cascadable Signal Processors (Ims A 100M):

13IMS 100M is basically a high speed, 32 stage transversal 

filter, whose flexible architecture makes it useful for other DSP 

applications. It basically accepts 16 bit data and coefficients in 

4/8/12/16 bits. It has got 32 multiplier/accumulator array, operating 

at 20.8 MHz clock. It has four interfaces through which data can

be transferred. To cascade the devices, a 32 stage, 24 bit shift 

register and 24 bit adder is provided on the chip. It can carry

out highly accurate correlation (16 bit coefficients, 16 bit data

and 36 bit accumulation), which makes it extremely useful for communi­

cation, radar and sonar systems.

1.3.6 Future Trends:

Programmable DSPs are going to have more memory, faster
14 16MACs more I/O flexibility and large bandwidth. ’

The present DSPs are limited to specialized products. In

future DSPs are going to expand into numerous new applications 

particularly on personal computers. Future DSPs are going to have 

features which will aid them to work in parallel easily for more 

real time applications.



17

1.4 Orientation of the Work:

Digital signal processing is a relatively new field which 

began with speech sinthesis in early ' sixties. The field of DSP has 

grown fast and has shown progress in the past decade due to advances 

in microelectronics technology. DSP finds applications in almost all 

fields due to high precision, controlled accumulation of noise, stability 

and simple hardware of the system. Hie application potential of 

DSP has further increased as general as well as dedicated DSP 

processors are made available having vast computational capability. 

These processors lead to compact design and production of efficient 

real time systems. The DSP chips TMS 32010, TMS 32020, TMS 32030, 

DSP 56001, IMS A100M, DSP 2100, and vector signal processor 

VSP-325 are very popular and powerful processor chips. Now-a- 

days the fields where DSPs are used are controls, graphics, voice/ 

speech, instrumentation, telecommunication, industrial, medical, 

military etc.. Thus, any scientific or technological problem requiring 

real time computation and control capabilities can only be tackled 

by IBP.

The need of filtering is felt in quite a few fields in electronics 

in order to remove the unwanted frequency components including

noise. However, the analog filters had some drawbacks and would 

not be successfully used in different applications. With the advent 

of DSPs, the digital filters would be used in the fields of robotics, 

intelligent sensors, sesmic signal processing, medical signal proces 

etc.. Digital filters are preferred because they are software cont^pg^d
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whose performance is not affected by the drift in component values

due to environmental conditions or tolerances. Adaptive filters can 

also be designed, which can change their performance itself with 

change in input conditions. They can be used for very low frequency 

applications. The problem of high cost has also eased to a large 

extent due to advancement in VLSI techniques. The challenging fields

in digital filters are development of software with high speed algorithms, 

which will be user-friendly and menu-driven, design of hardware 

systems such as ADC, DAC, interface with high speed components, 

designing of adaptive filters and to apply these filters to other systems 

for control.

In this work it was proposed to design, implement and 

test digital filters. Butterworth filter was selected. The filter is 

straight forward in the pole zero configuration of the filter transfer 

function in the S-plane; all the poles lie on the circle centered

at the origin of the S-plane and all zeros lie at infinity. The magnitude 

response of Butterworth filters is also smooth, decreasing motonically 

with frequency and does not have undershoot and overshoot in passband 

and stopband, i.e., response is free from ripple. In this work 

low pass, high pass, band pass and band stop Butterworth 1st

order filters are designed, simulated and implemented on micro­

processor based system.
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