UNIT: 3 Digital and Analog Transmission

DIGITAL-TO-ANALOG CONVERSION

Digital-to-analog conversion is the process of changing one of the characteristics of an
analog signal based on the information in digital data. Figure 5.1 shows the relationship
between the digital information, the digital-to-analog modulating process, and the resultant
analog signal.
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A sine wave is defined by three characteristics: amplitude, frequency, and phase. When we vary
anyone of these characteristics, we create a different version of that wave. So, by changing one
characteristic of a simple electric signal, we can use it to represent digital data. Before we discuss
specific methods of digital-to-analog modulation, two basic issues must be reviewed: bit and baud
rates and the carrier signal.

Aspects of Digital-to-Analog Conversion

Before we discuss specific methods of digital-to-analog modulation, two
basic issues must be reviewed: bit and baud rates and the carrier signal.

Data Element Versus Signal Element

Data element is the smallest piece of information to be exchanged, the bit. We also defined

a signal element as the smallest unit of a signal that is constant.



Data Rate Versus Signal Rate

We can define the data rate (bit rate) and the signal rate (baud rate). The relationship between them

is

S=N/r baud

where N is the data rate (bps) and r is the number of data elements carried in one signal
element. The value of r in analog transmission is r =log2 L, where L is the type of signal

element, not the level.

Carrier Signal

In analog transmission, the sending device produces a high-frequency signal that acts as a base for the
information signal. This base signal is called the carrier signal or carrier frequency. The receiving
device is tuned to the frequency of the carrier signal that it expects from the sender. Digital
information then changes the carrier signal by modifying one or more of its characteristics

(amplitude, frequency, or phase). This kind of modification is called modulation (shift keying).

Any of the three characteristics can be altered in this way, giving us at least three mechanisms for
modulating digital data into an analog signal: amplitude shift keying (ASK), frequency shift keying (FSK),
and phase shift keying (PSK).

Aspects of Digital-to-Analog Conversion.

1. Amplitude Shift Keying (ASK)
In amplitude shift keying, the amplitude of the carrier signal is varied to create signal elements.
Both frequency and phase remain constant while the amplitude changes. Although we can have
several levels (kinds) of signal elements, each with a different amplitude, ASK is normally
implemented using only two levels. This is referred to as binary amplitude shift keying or on-off
keying (OOK). The peak amplitude of one signal level is O; the other is the same as the amplitude
of the carrier frequency. Figure 5.3 gives a conceptual view of binary ASK.
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2. Frequency Shift Keying (FSK)

In frequency shift keying, the frequency of the carrier signal is varied to represent data. The
frequency of the modulated signal is constant for the duration of one signal element, but
changes for the next signal element if the data element changes. Both peak amplitude and
phase remain constant for all signal elements. One way to think about binary FSK (or BFSK) is to
consider two carrier frequencies. In Figure 5.6, we have selected two carrier frequencies,f1
andf2. We use the first carrier if the data element is 0; we use the second if the data element is
1. However, note that this is an unrealistic example used only for demonstration purposes.
Normally the carrier frequencies are very high, and the difference between them is very small.
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3. Phase Shift Keying (PSK)
In phase shift keying, the phase of the carrier is varied to represent two or more different signal
elements. Both peak amplitude and frequency remain constant as the phase changes. Today,
PSK is more common than ASK or FSK. The simplest PSK is binary PSK, in which we have only two
signal elements, one with a phase of 0°, and the other with a phase of 180°.

Analog To Analog Conversion Techniques

Analog-to-analog conversion, or analog modulation, is the representation of
analog information by an analog signal. Modulation is needed if the medium
is bandpass in nature or if only a bandpass channel is available to us.

An example is radio. The government assigns a narrow bandwidth to each
radio station. The analog signal produced by each station is a low-pass
signal, all in the same range. To be able to listen to different stations, the
low-pass signals need to be shifted, each to a different range.

Analog-to-analog conversion can be accomplished in three ways:
Amplitude Modulation (AM)



Frequency Modulation (FM)
Phase Modulation (PM)

1. Amplitude Modulation:

In AM transmission, the carrier signal is modulated so that its amplitude
varies with the changing amplitudes of the modulating signal. The frequency
and phase of the carrier remain the same. Only the amplitude changes to
follow variations in the information. The following figure shows how this
concept works. The modulating signal is the envelope of the carrier.
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AM is normally implemented by using a simple multiplier because the
amplitude of the carrier signal needs to be changed according to the
amplitude of the modulating signal.

2. Frequency Modulation

In FM transmission, the frequency of the carrier signal is modulated to follow
the changing voltage level (amplitude) of the modulating signal. The peak
amplitude and phase of the carrier signal remain constant, but as the
amplitude of the information signal changes, the frequency of the carrier
changes correspondingly.



The following figure shows the relationships of the modulating signal, the
carrier signal, and the resultant FM signal. FM is normally implemented by
using a voltage-controlled oscillator as with FSK. The frequency of the
oscillator changes according to the input voltage which is the amplitude of
the modulating signal.

Amplitude

A Modulating signal (audio)

-

Carrier frequency \—J Time '%' W

—_— V(O p———>

Voltage-controlled

- oscillator
Time

BFM = 2(1 + b)B
FM signal pe————i

Time

Standard Bandwidth allocation for FM Radio:

The bandwidth of an audio signal (speech and music) broadcast in stereo is
almost 15 kHz. The FCC allows 200 kHz (0.2 MHz) for each station.

3. Phase Modulation:

In PM transmission, the phase of the carrier signal is modulated to follow the
changing voltage level (amplitude) of the modulating signal. The peak
amplitude and frequency of the carrier signal remain constant, but as the
amplitude of the information signal changes, the phase of the carrier
changes correspondingly. It is proved mathematically that PM is the sameas
FM with one difference.

In FM, the instantaneous change in the carrier frequency is proportional to
the amplitude of the modulating signal; in PM the instantaneous change in
the carrier frequency is proportional to the derivative of the amplitude of the



modulating signal. The following figure shows the relationships of the
modulating signal, the carrier signal, and the resultant PM signal.
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PM is normally implemented by using a voltage-controlled oscillator along
with a derivative. The frequency of the oscillator changes according to the
derivative of the input voltage which is the amplitude of the modulating

signal.

Data or information can be stored in two ways, analog and digital. For a
computer to use the data, it must be in discrete digital form.Similar to data,
signals can also be in analog and digital form. To transmit data digitally, it
needs to be first converted to digital form.

Digital-to-Digital Conversion

This section explains how to convert digital data into digital signals. It can
be done in two ways, line coding and block coding. For all communications,
line coding is necessary whereas block coding is optional.

Line Coding



The process for converting digital data into digital signal is said to be Line
Coding. Digital data is found in binary format.It is represented (stored)
internally as series of 1s and Os.
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Digital signal is denoted by discreet signal, which represents digital
data.There are three types of line coding schemes available:

Line Coding

Bipolar

Uni-polar Encoding

Unipolar encoding schemes use single voltage level to represent data. In
this case, to represent binary 1, high voltage is transmitted and to
represent 0, no voltage is transmitted. It is also called Unipolar-Non-return-
to-zero, because there is no rest condition i.e. it either represents 1 or 0.
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Polar Encoding

Polar encoding scheme uses multiple voltage levels to represent binary
values. Polar encodings is available in four types:

e Polar Non-Return to Zero (Polar NRZ)

It uses two different voltage levels to represent binary values. Generally,
positive voltage represents 1 and negative value represents 0. It is also NRZ
because there is no rest condition.

NRZ scheme has two variants: NRZ-L and NRZ-I.
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NRZ-L changes voltage level at when a different bit is encountered whereas
NRZ-I changes voltage when a 1 is encountered.

Return to Zero (RZ)

Problem with NRZ is that the receiver cannot conclude when a bit ended and
when the next bit is started, in case when sender and receiver’s clock are not
synchronized.
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RZ uses three voltage levels, positive voltage to represent 1, negative voltage
to represent 0 and zero voltage for none. Signals change during bits not
between bits.

e Manchester

This encoding scheme is a combination of RZ and NRZ-L. Bit time is divided into
two halves. It transits in the middle of the bit and changes phase when a

different bit is encountered.

+ Differential Manchester

This encoding scheme is a combination of RZ and NRZ-I. It also transit at the
middle of the bit but changes phase only when 1 is encountered.

Bipolar Encoding

Bipolar encoding uses three voltage levels, positive, negative and zero. Zero
voltage represents binary 0 and bit 1 is represented by altering positive and
negative voltages.
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Analog-to-Digital Conversion

Microphones create analog voice and camera creates analog videos, which
are treated is analog data. To transmit this analog data over digital signals,

we need analog to digital conversion.

Analog data is a continuous stream of data in the wave form whereas digital
data is discrete. To convert analog wave into digital data, we use Pulse

Code Modulation (PCM).

PCM is one of the most commonly used method to convert analog data into
digital form. It involves three steps:

e Sampling
¢ Quantization
e Encoding.

Sampling

Analog Signal Sampling




The analog signal is sampled every T interval. Most important factor in
sampling is the rate at which analog signal is sampled. According to Nyquist
Theorem, the sampling rate must be at least two times of the highest
frequency of the signal.

Quantization

Sampling Quantization

Sampling yields discrete form of continuous analog signal. Every discrete
pattern shows the amplitude of the analog signal at that instance. The
quantization is done between the maximum amplitude value and the

minimum amplitude value. Quantization is approximation of the
instantaneous analog value.

Encoding
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Quantization ::> Encoding

In encoding, each approximated value is then converted into binary format.

Transmission Modes

The transmission mode decides how data is transmitted between two
computers.The binary data in the form of 1s and Os can be sent in two
different modes: Parallel and Serial.




Parallel Transmission
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The binary bits are organized in-to groups of fixed length. Both sender and
receiver are connected in parallel with the equal humber of data lines. Both
computers distinguish between high order and low order data lines. The
sender sends all the bits at once on all lines.Because the data lines are
equal to the number of bits in a group or data frame, a complete group of
bits (data frame) is sent in one go. Advantage of Parallel transmission is
high speed and disadvantage is the cost of wires, as it is equal to the
number of bits sent in parallel.

Serial Transmission

In serial transmission, bits are sent one after another in a queue manner.
Serial transmission requires only one communication channel.

.

Receiver Sender

Serial transmission can be either asynchronous or synchronous.



Asynchronous Serial Transmission

It is named so because there’is no importance of timing. Data-bits have
specific pattern and they help receiver recognize the start and end data
bits. For example, a 0 is prefixed on every data byte and one or more 1s
are added at the end.

Two continuous data-frames (bytes) may have a gap between them.

Synchronous Serial Transmission

Timing in synchronous transmission has importance as there is no
mechanism followed to recognize start and end data bits.There is no pattern
or prefix/suffix method. Data bits are sent in burst mode without
maintaining gap between bytes (8-bits). Single burst of data bits may
contain a number of bytes. Therefore, timing becomes very important.

It is up to the receiver to recognize and separate bits into bytes.The
advantage of synchronous transmission is high speed, and it has no
overhead of extra header and footer bits as in asynchronous transmission.
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UNIT: 4 Multiplexing-FDM, TDM,WDM

MULTIPLEXING

Whenever the bandwidth of a medium linking two devices is greater than the bandwidth needs
of the devices, the link can be shared. Multiplexing is the set of techniques that allows the
simultaneous transmission of multiple signals across a single data link. In a multiplexed system,
n lines share the bandwidth of one link. Figure 6.1 shows the basic format of a multiplexed
system. The lines on the left direct their transmission streams to a multiplexer (MUX), which

combines them into a single stream (many-to-one). At the receiving end, that stream is fed into

a demultiplexer (DEMUX), which separates the stream back into its component transmissions

(one-to-many) and directs them to their corresponding lines. In the figure, the word link refers

to the physical path. The word channel refers to the portion of a link that carries a transmission

between a given pair of lines. One link can have many (n) channels.
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There are three basic multiplexing techniques:

Frequency-division multiplexing, wavelengthdivision multiplexing, and time-division

multiplexing. The first two are techniques designed for analog signals, the third, for digital

signals.

1.

Frequency-Division Multiplexing

Frequency-division multiplexing (FDM) is an analog technique that can be applied when the
bandwidth of a link (in hertz) is greater than the combined bandwidths of the signals to be
transmitted. In FDM, signals generated by each sending device modulate different carrier
frequencies. These modulated signals are then combined into a single composite signal that
can be transported by the link. Carrier frequencies are separated by sufficient bandwidth to
accommodate the modulated signal. These bandwidth ranges are the channels through
which the various signals travel. Channels can be separated by strips of unused bandwidth-
guard bands-to prevent signals from overlapping. In addition, carrier frequencies must not
interfere with the original data frequencies. Multiplexing Process Figure 6.4 is a conceptual
illustration of the multiplexing process. Each source generates a signal of a similar frequency
range. Inside the multiplexer, these similar signals modulates different carrier frequencies.
The resulting modulated signals are then combined into a single composite signal that is
sent out over a media link that has enough bandwidth to accommodateit.
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Demultiplexing Process The demultiplexer uses a series of filters to decompose the

multiplexed signal into its constituent component signals. The individual signals are then
passed to a demodulator that separates them from their carriers and passes them to the

output lines. Figure 6.5 is a conceptual illustration of demultiplexing process.

Wavelength-Division Multiplexing
Wavelength-division multiplexing (WDM) is designed to use the high-data-rate capability of
fiber-optic cable. The optical fiber data rate is higher than the data rate of metallic

transmission cable. Using a fiber-optic cable for one single line wastes the available
bandwidth. Multiplexing allows us to combine several lines into one. WDM is conceptually
the same as FDM, except that the multiplexing and demultiplexing involve optical signals
transmitted through fiber-optic channels. The idea is the same: We are combining different
signals of different frequencies. The difference is that the frequencies are very high. Figure
6.10 gives a conceptual view of a WDM multiplexer and demultiplexer. Very narrow bands
of light from different sources are combined to make a wider band of light. At the receiver,

the signals are separated by the demultiplexer.
One application of WDM is the SONET network in which multiple optical fiber lines are

multiplexed and demultiplexed.



Figure 6.10 Wavelength-division multiplexing
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WDM 1s an analog multiplexing technique to combine optical signals.

Time-Division Multiplexing

Time Division multiplexing (TDM) is a digital process that allows several connections to
share the high bandwidth of a linle Instead of sharing a portion of the bandwidth as in FDM,
time is shared. Each connection occupies a portion of time in the link. Figure 6.12 gives a
conceptual view of TDM. Note that the same link is used as in FDM; here, however, the link

is shown sectioned by time rather than by frequency. In the figure, portions of signals 1,2,3,
and 4 occupy the link sequentially.
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