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Microcontroller and DSP System

Digital Signal Processing

Introduction to Digital Signal Processing (DSP)

Digital signal processing (DSP) technology and its advancements have dramatically impacted
our modern society everywhere. Without DSP, we would not have digital/Internet audio or video;
digital recording; CD, DVD, and MP3 players; digital cameras; digital and cellular telephones;
digital satellite and TV; or wire and wireless networks. Medical instruments would be less
efficient or unable to provide useful information for precise diagnoses if there were no digital
electrocardiography (ECG) analyzers or digital x-rays and medical image systems. We would
also live in many less efficient ways, since we would not be equipped with voice recognition
systems, speech synthesis systems, and image and video editing systems. Without DSP, scientists,
engineers, and technologists would have no powerful tools to analyze and visualize data and

perform their design, and so on.
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A digital signal processing scheme

The concept of DSP is illustrated by the simplified block diagram in Figure above, which
consists of an analog filter, an analog-to-digital conversion (ADC) unit, a digital signal (DS)
processor, a digital-to-analog conversion (DAC) unit, and a reconstruction (anti-image) filter. As
shown in the diagram, the analog input signal, which is continuous in time and amplitude, is
generally encountered in our real life. Examples of such analog signals include current, voltage,
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temperature, pressure, and light intensity. Usually a transducer (sensor) is used to convert the

non-electrical signal to the analog electrical signal (voltage). This analog signal is fed to an analog
filter, which is applied to limit the frequency range of analog signals prior to the sampling process.
The purpose of filtering is to significantly attenuate aliasing distortion. The band-limited signal
at the output of the analog filter is then sampled and converted via the ADC unit into the digital
signal, which is discrete both in time and in amplitude.

The DS processor then accepts the digital signal and processes the digital data according to
DSP rules such as lowpass, high pass, and bandpass digital filtering, or other algorithms for
different applications. Notice that the DS processor unit is a special type of digital computer and
can be a general-purpose digital computer, a microprocessor, or an advanced microcontroller;

furthermore, DSP rules can be implemented using software in general.

With the DS processor and corresponding software, a processed digital output signal is
generated. This signal behaves in a manner according to the specific algorithm used. The DAC

unit converts the processed digital signal to an analog output signal.

DSP manipulates different types of signals with the intention of filtering, measuring, or
compressing and producing analog signals. Analog signals differ by taking information and
translating it into electric pulses of varying amplitude, whereas digital signal information is
translated into binary format where each bit of data is represented by two distinguishable
amplitudes. Another noticeable difference is that analog signals can be represented as sine
waves and digital signals are represented as square waves. DSP can be found in almost any
field, whether it's oil processing, sound reproduction, radar and sonar, medical image processing,
or telecommunications-- essentially any application in which signals are being compressed and

reproduced.
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Analog Signal

Digital Signal

So, what exactly is digital signal processing? The digital signal process takes signals like
audio, voice, video, temperature, or pressure that have already been digitized and then
manipulates them mathematically. This information can then be represented as discrete time,
discrete frequency, or other discrete forms so that the information can be digitally processed.
An analog-to-digital converter is needed in the real world to take analog signals (sound, light,

pressure, or temperature) and convert them into O's and 1's for a digital format.

A DSP contains four key components:

. Computing Engine: Mathematical manipulations, calculations, and processes by accessing
the program, or task, from the Program Memory and the information stored in the Data
Memory.

« Data Memory: This stores the information to be processed and works hand in hand with

program memory.
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« Program Memory: This stores the programs, or tasks, that the DSP will use to

process, compress, or manipulate data.
« 1/O: This can be used for various things, depending on the field DSP is being used for, i.e.

external ports, serial ports, timers, and connecting to the outside world.

Below is a figure of what the four components of a DSP look like in a general system

Computing
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The Chebyshev filter is a digital filter that can be used to separate one band of frequency from

configuration.

DSP Filters

another. These filters are known for their primary attribute, speed, and while they aren't the best
in the performance category, they are more than adequate for most applications. The design of
the Chebyshev filter was engineered around the mathematical technique, known as z-transform.
Basically, the z-transform converts a discrete-time signal, made up of a sequence of real or

complex numbers into a frequency domain representation. The Chebyshev response is
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generally used for achieving a faster roll-off by allowing ripple in the frequency response. These

filters are called type 1 filters, meaning that the ripple in the frequency response is only allowed
in the passband. This provides the best approximation to the ideal response of any filter for a
specified order and ripple. It was designed to remove certain frequencies and allow others to
pass through the filter. The Chebyshev filter is generally linear in its response and a nonlinear
filter could result in the output signal containing frequency components that were not present

in the input signal.
Why Use Digital Signal Processing?

To understand how digital signal processing, or DSP, compares with analog circuitry, one
would compare the two systems with any filter function. While an analog filter would
use amplifiers, capacitors, inductors, or resistors, and be affordable and easy to assemble, it
would be rather difficult to calibrate or modify the filter order. However, the same things can
be done with a DSP system, just easier to design and modify. The filter function on a DSP
system is software-based, so multiple filters can be chosen from. Also, to create flexible and
adjustable filters with high-order responses only requires the DSP software, whereas analog

requires additional hardware.

For example, a practical bandpass filter, with a given frequency response should have a
stopband roll-off control, passband tuning and width control, infinite attenuation in the
stopband, and a response within the passband that is completely flat with zero phase shift. If
analog methods were being used, second-order filters would require a lot of staggered high-Q
sections, which ultimately means that it will be extremely hard to tune and adjust. While
approaching this with DSP software, using a finite impulse response (FIR), the filter's time
response to an impulse is the weighted sum of the present and a finite number of previous input
values. With no feedback, its only response to a given sample ends when the sample reaches
the "end of the line". With these design differences in mind, DSP software is chosen for its

flexibility and simplicity over analog circuitry filter designs.
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When creating this bandpass filter, using DSP is not a terrible task to complete. Implementing

it and manufacturing the filters is much easier, as you only have to program the filters the same
with every DSP chip going into the device. However, using analog components, you have the
risk of faulty components, adjusting the circuit and program the filter on each individual analog
circuit. DSP creates an affordable and less tedious way of filter design for signal processing

and increases accuracy for tuning and adjusting filters in general.
ADC & DAC

Electric equipment is heavily used in nearly every field. Analog to Digital Converters (ADC)
and Digital to Analog Converters (DAC) are essential components for any variation of DSP in
any field. These two converting interfaces are necessary to convert real world signals to allow
for digital electronic equipment to pick up any analog signal and process it. Take a microphone
for example: the ADC converts the analog signal collected by an input to audio equipment into
a digital signal that can be outputted by speakers or monitors. While it is passing through the
audio equipment to the computer, software can add echoes or adjust the tempo and pitch of the
voice to get a perfect sound. On the other hand, DAC will convert the already processed digital
signal back into the analog signal that is used by audio output equipment such as monitors.
Below is a figure showing how the previous example works and how its audio input signals can

be enhanced through reproduction, and then outputted as digital signals through monitors.

A type of analog to digital converter, known as the digital ramp ADC, involves a comparator.
The value of the analog voltage at some point in time is compared with a given standard voltage.
One way to achieve this is by applying the analog voltage to one terminal of the comparator and
trigger, known as a binary counter, which drives a DAC. While the output of the DAC is
implemented to the other terminal of the comparator, it will trigger a signal if the voltage exceeds

the analog voltage input. The transition of the comparator stops the binary counter, which then
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holds the digital value corresponding to the analog voltage at that point. The figure below shows

a diagram of a digital ramp ADC.
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Applications of DSP

The list below by no means covers all DSP applications. Many more areas are increasingly
being explored by engineers and scientists. Applications of DSP techniques will continue to have
profound impacts and improve our lives.

1. Digital audio and speech: Digital audio coding such as CD players, digital crossover,
digital audio equalizers, digital stereo and surround sound, noise reduction systems, speech
coding, data compression and encryption, speech synthesis and speech recognition.

2. Digital telephone: Speech recognition, high-speed modems, echo cancellation, speech

synthesizers, DTMF (dual-tone multi frequency) generation and detection, answering
machines.
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3. Automobile industry: Active noise control systems, active suspension systems, digital

audio and radio, digital controls.

4. Electronic communications: Cellular phones, digital telecommunications, wireless LAN
(local area networking), satellite communications.

5. Medical imaging equipment: ECG analyzers, cardiac monitoring, medical imaging and
Image recognition, digital x-rays and image processing.

6. Multimedia: Internet phones, audio, and video; hard disk drive electronics; digital

pictures.

There are numerous variants of a digital signal processor that can execute different things,
depending on the application being performed. Some of these variants are audio signal
processing, audio and video compression, speech processing and recognition, digital image
processing, and radar applications. The difference between each of these applications is how the
digital signal processor can filter each input. There are five different aspects that varies from each
DSP: clock frequency, RAM size, data bus width, ROM size, and 1/O voltage. All of these
components really are just going to affect the arithmetic format, speed, memory organization, and

data width of a processor.

Another is sampling, which is the reduction of a continuous signal to a discrete signal. One
major application is the conversion of a sound wave. Audio sampling uses digital signals and
pulse-code modulation for the reproduction of sound. It is necessary to capture audio between
20 - 20,000 Hz for humans to hear. Sample rates higher than that of around 50 kHz - 60 kHz
cannot provide any more information to the human ear. Using different filters with DSP

software and ADC's & DAC's, samples of audio can be reproduced through this technique.

Digital signal processing is heavily used in day-to-day operations, and is essential

In recreating analog signals to digital signals for many purposes.
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