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Q.1(a) Attempt any THREE of the following :
[12]
Q.1(a) (i) Define entropy and state its unit.
[4]
Ans.: Entropy is defined as the average number of bits per symbol needed to encode long
sequences of symbols emitted by the source. Its unit is bits/ symbol Mathematically
M
1
 2
H =  pilog
pi
i 1

Where H is entropy, pi is the probabilities of the occurrence of the ith symbol.
Q.1(a) (ii) State the need of multiplexing and write it’s type.
[4]
Ans.: Need of multiplexing in the application like telephony there are large numbers of users
involved. It is not possible to lay a separate pair of wires from each subscriber to the other
entire subscriber; this is very expensive and practically impossible.

In the Process of multiplexing two or more individual signals are transmitted over a single
communication channel. Here we used medium as a coaxial cable or an optical fiber cable
because of multiplexing bandwidth utilization is possible. As the data and
telecommunications usage increases, so does the traffic. We can accommodate this increase
by continuing to add individual lines each time a new channel is needed, or we can install
higher capacity links and use each to carry multiple signals.
Today’s technology includes high-bandwidth transmission media such as coaxial cable, optical
fiber and terrestrial and satellite microwaves.
Each of these has a carrying capacity (bandwidth) far in excess of that needed for the
average transmission signal. If the bandwidth of the link is greater than the transmission
needs of the devices connected to it, the excess capacity is wasted.
An efficient system maximizes the utilization of all resources. Bandwidth is one of the most
precious resources in data communications.
Types of multiplexing:
1. Analog multiplexing:

2. Digital multiplexing:

Frequency division multiplexing
Wavelength division multiplexing
Time division multiplexing
Code division multiplexing

[4]
Q.1(a) (iii) State the principle of orthogonality. Explain the concept of single carrier &
multi-carrier system.
Ans.: Principle of orthogonality
 Orthogonality between two signals means that the two co-existing signals are
independent of each other in a specified time interval and do not interact with each
other.
 Orthogonality is a property that allows multiple information signals to be transmitted
perfectly over a common channel and detected without interference. Loss of
orthogonality results in blurring between these information signals and degradations in
communication.
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Single carrier system
 In order to use the available radio spectrum efficiently, in single carrier system, the
modulated sub carrier should be placed as close to each other as possible without
causing interference. Guard bands are required to be inserted between adjacent
spectrum to avoid interference but these increases bandwidth & reduce spectrum
efficiency
Multi-carrier system
 The basic idea of OFDM is to divide the available spectrum into several sub-channels (or
subcarriers). By making all the sub-channels narrow band.
 The OFDM provides a technique allowing the bandwidth of modulated carriers to overlap
without interference.
Q.1(a) (iv) Why pseudo-noise sequence used in spread spectrum modulation.
[4]
Ans.: The use of pseudo -noise sequence/codes in spread spectrum modulation makes signals
appear wide band and noise like because of which the spectrum signal possess:
1) A low probability to intercept.
2) Resistance to unintended or intended jamming.
3) Sharing of a signal channel among multiple users is possible.
Q.1(b) Attempt any ONE of the following :
Q.1(b) (i) Draw and explain basic communication system block diagram.
Ans.:

[6]
[6]

INFORMATION SOURCE:
 An Information source generates a message, examples of which include human voice,
television picture, teletype data, atmospheric temperature and pressure.
 The message signal can be of an analog or digital type.
SOURCE ENCODER:
 The input to the source encoder (also referred to as the source coder) is a string of
symbols occurring at a rate symbols/sec.
 The source encoder converts the symbol sequence into a binary sequence of 0’s and 1’s
by assigning code words to the symbols in the input sequence by using either assigning
fixed-length binary code word to each symbol or assigns variablelength code words to
these blocks. Second function it performs is data compression.
CHANNEL ENCODER:
 The channel coder provides some amount of error controlled capability to the data to be
transmitted.
 It adds some extra bits to the output of the source coder. While these extra bits make
it possible for the receiver to detect and/or correct some of the errors in the
information bearing bits.
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MODULATOR:
 The modulator accepts a bit stream as its input and converts it to an electrical
waveform suitable for transmission over the communication channel as they are basically
analog in nature.
COMMUNICATION CHANNEL:
 The communication channel provides the electrical connection between the source and
the destination.
 The channel may be a pair of wire or a telephone link or free space over which the
information bearing signal is radiated.
DEMODULATOR:
 Modulation is a reversible process and the extraction of the message from the
information bearing waveform produced by the modulator is accomplished by the
demodulator.
CHANNEL DECODER:
 The channel decoder recovers the information bearing bits from the coded binary
stream. Error detection and possible correction is also performed by the channel
decoder.
SOURCE DECODER:
 At the receiver, the source decoder converts the binary output of the channel decoder
into a symbol sequence.
Q.1(b) (ii) Encode the following Binary data stream into unipolar RZ, unipolar NRZ,
Polar Return Zero (RZ), Polar NRZ, AMI and split phase Manchester code
Data stream : 10110100101.
Ans.:
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Q.2Attempt any TWO of the following :
Q.2(a) Draw and explain the block diagram of Delta Modulation. Also explain slope
overload and granular noise in linear delta modulation.
Ans.:

[16]
[8]

Explanation:
Delta modulation is a type of digital modulation in which one bit per sample is

transmitted. This reduces the bandwidth requirement to a great extent.
 DM is a special case of DPCM in which only the polarity of the difference signal is
encoded by one bit. If the difference between the analog input and the feedback signal
is positive, it is encoded as binary 1 and transmitted and if the difference is negative,
binary 0 is transmitted.
 The input analog is sampled and converted to PAM signal, which is compared with the
output of the DAC. The output of the DAC is a voltage equal to the regenerated
magnitude of the previous sample, which was stored in the up-down counter as a binary
number.
 The up-down counter is incremented or decremented depending on whether the previous
sample is larger or smaller than the current sample.
 The up-down counter is clocked at a rate equal to the sample rate. Therefore the
updown counter is updated after each comparison.
 Initially the up-down counter is zeroed and DAC output is 0v.
 The first sample is taken and converted to a PAM signal, and compared with zero volts.
The output of the comparator is a logic 1 condition (+v), indcating that the current
sample is larger in amplitude than the previous sample.
 On the next clock pulse, the up- down counter is incremented to a count of 1. The DAC
now outputs a voltage equal to the mgnitude of the minimum step size (resolution). The
steps change at a rate equal to the clock frequency (sample rate).
 Consequently, with the input signal shown, the up-down counter follows the input analog
signal up until the output of the DAC exceeds the analog sample; then the updown
counter will begin counting down until the output of the DAC drops below the sample
amplitude. In the idealized situation the DAC output follows the input signal. Each time
the up-down counter is incremented, a logic 1 is transmitted, and each time the up-down
counter is decremented, alogic 0 is transmitted.
SLOPE-OVERLOAD DISTORTION:
 If the slope of the analog signal x(t) is much higher (steep) than that of the
approximated signal xq(t) over a long duration then xq(t) will not follow x(t) at all as
shown in Figure
 The difference between x(t) and xq(t) is called the slope-overload distortion or the
slope-overload error. Thus, slope-overload error occurs when the slope of x(t) is much
higher than xq(t).
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GRANULAR NOISE:
 When the input signal x(t) is relatively constant in amplitude, the approximated signal
xq(t) will hunt above and below x(t) as shown in Figure. This leads to a noise called
granular noise.
 It increases with increase in step size δ. To reduce granular noise, the step size should
be as small as possible. However, this will increase slope-overload distortion.

Q.2(b) Explain principle of QAM with the block diagram. Also draw constellation
diagram of 4-QAM.
Ans.:

[8]

Explanation:
 The bit stream b(t) is applied to the serial to parallel converter, operating on a clock
which has a period of Ts, which is the symbol duration. The bits b(t) are stored by the
converter and then presented in the parallel form. The four bit symbols are bk + 3, bk+
2, bk + 1, bk.
 Out of these four bits, the first two bits are applied to a D/A converter and the
other two bits are applied to the second D/A converter.
 The output of the first converter is Ae(t), which is modulated by the carrier cosct
whereas the output of the second D/A converter, Ao(t) is modulated by the carrier
sinct in the balanced modulators.
 Ae(t),Ao(t)are voltage levels generated by the convertor -3,-1,+1,+3 volts.
 The balanced modulator outputs are added together to get the QAM output signal which
is expressed as,
Q ASK(t) = Ae(t)cosct + Ao(t) sin ct
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OR

Fig above shows a block diagram of an 8-QAM receiver.
 The power splitter directs the input 8-QAM signal to the I and Q product detectors
and the carrier recovery circuit.
 The carrier recovery circuit reproduces the original reference oscillator signal. The
incoming 8QAM signal is mixed with the recovered carrier in the I product detector and
with a quadrature carrier in the Q product detector.
 The output of the product detectors are 4-level PAM signals that are fed to the 4 to 2
level analog-to-digital converters (ADCs).
 The outputs from the I channel 4-to-2 level converter are the I and C bits, whereas the
outputs form Q channel 4-to-2 level converter are the Q and C bits.
 The parallel to serial logic circuit converts the I/C and Q/C bit pairs to serial I, Q and
C output data streams
Constellation:

Q.2(c) Describe the basic principle involved in CDMA technology with neat sketch.
[8]
State it’s any four advantages.
Ans.: In CDMA more than one user is allowed to share a channel or sub channel with the help of
DSSS signals. In CDMA each user is given a unique code sequence. This sequence allows the
user to spread the information signal across the assigned frequency. At the receiver the
signal received from various users are separated by checking the cross correlation of the
received signal with each possible user sequence. In CDMA as the bandwidth as well as time
of the channel is being shared by users. In CDMA the users access the channel in a random
manner. Hence the signals transmitted by multiple users will overlap both in time and in
frequency. CDMA does not need any synchronization.
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Advantages
1. It combats the intentional interference (jamming) and the unintentional interference
from some other user
2. To avoid the self interference due to multipath propogation
3. Hides a signal by transmitting it at a low power and thus making it difficult for an
unintended listener to detect in the presence of background noise.
4. Achievers messages privacy in the presence of other listeners
5. High bandwidth available
Q.3Attempt any FOUR of the following :
Q.3(a) State limitations of DM. Explain how they overcome in ADM.
Ans.: The delta modulation has two major drawbacks as under:
(i) Slope overload distortion
(ii) Granular or Idle Noise

[16]
[4]

Overcoming of DM drawback by ADM
In delta modulation, the step size is constant so that its slope overload distortion and
granular noise both cannot be controlled. These drawbacks can be controlled by using
adaptive delta modulation wherein the step size is variable.

Thus with adaptive delta modulation the following are the advantages:
1. Slop overload distortion and granular noise problem in is reduced.
2. Improved signal to noise ratio.
3. Wide dynamic range is achieved with variable step size.
4. Better bandwidth utilization than delta modulation.
ADM Transmitter

Waveforms
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Q.3(b) Explain quantization and quantization error.
[4]
Ans.: Quantization:
The quantization process is the process of approximation of the sampled signal. It assigns a
particular level to which the sampled value is near to.

Quantization error:
The signal with discretized amplitude value is termed as quantized signal. The difference
between the sampled signal and its quantized version which is measured and is represented
in terms of quantization noise or quantization error.
Q.3(c) Draw and Explain QPSK Modulator.
Ans.:

[4]

Operation:
 The input data sequence is first converted into a bipolar NRZ signal b(t). The value of
b(t) = + 1 for logic 1 input and b(t) = - 1 when the binary input is equal to 0.
 The De-multiplexer (DEMUX) will divide b(t) into two separate bit streams bo(t) and
be(t). The bit stream be(t) consists of only the even numbered bits 2, 4, 6, 8, . .
. . . whereas bo(t) bit stream consists of only the odd numbered bits i.e., 1, 3, 5, . . .
. . as shown in Figure 3.18.
 Each bit in the even and odd stream will be held for a period of 2Tb. This duration is
called as symbol duration Ts. Thus, every symbol contains two bits.
 The bit stream be(t) is superimposed on a carrier cosωct and the bit stream bo(t) is
superimposed on a carrier sinωct by using two balanced modulators (or multipliers) to
generate se(t) and so(t). These two signals are basically BPSK signals.
 These signals are then added to generate the QPSK output signal VQPSK(t) given by,
VQ PSK(t) = bo(t) sin ct + be(t)cos ct
Q.3(d) Draw the block diagram of DPSK transmitter and state the function of each
[4]
block.
Ans.: In BPSK receiver, the carrier recovery is done by squaring the received signal.
Hence, when the received signal is generated by negative data bit, it is squared and thus we
cannot determine if the received bit is b (t) or b (t). Hence DPSK is used to eliminate the
ambiguity of the received bit. The DPSK transmitter is as shown-
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Q.3(e) Draw and explain the power spectral density of BPSK.
Ans.:

[4]

The spectrum of BPSK signal is centered around the carrier frequency f0. For BPSK the max
frequency in the baseband signal will be fb shown in fig. Bandwidth of BPSK signal is, BW = 2 fb.
Q.4(a) Attempt any THREE of the following :
[12]
Q.4(a) (i) State two advantages and disadvantages of digital communication system.
[4]
Ans.: Advantages of digital communication system:
1) Immunity to transmission noise and interference.
2) Regeneration of the coded signal along the transmission path is possible (Repeater can be
used).
3) Digital signals are better suited than analog signals for procession and combining using
technique called multiplexing.
4) Communication can be kept “private” and “secured” through the use of encryption.
5) Digital transmission systems are more resistant to analog systems to additive noise because
they use signal regeneration rather than signal amplification.
6) Digital signals are simpler to measure and evaluate.
7) It is possible to store the signal and process it further.
8) In digital systems transmission errors can be corrected and detected more accurately.
9) Using data encryption only permuted receivers can be allowed to detect the transmission
data.
10) Wide dynamic range.
11) Techniques such as data compression and image enhancement can be used.
12) Because of the advances of IC technologies and high speed computers, digital
communication systems are simpler and cheaper.
Disadvantages of digital communication system:
1) Digital signal does not provide continuous representation of original signal.
2) It requires synchronization in case of synchronous modulation.
3) Bandwidth requirement is high.
Q.4(a) (ii) With the help of neat sketch explain quantization process.
[4]
Ans.: Quantization process:
1. Quantization is the process of approximation or rounding off the sampled signal. The
quantizes converts sampled signal into approximated rounded values consisting of only finite
no. of pre decided voltage levels called as quantization levels.
2. In the process of A to D conversion, after sampling, quantization is the next step. The input
signal x (t) is assumed to have a peak swing of VL to VH volts. This entire voltage range has
been divided into Q equal intervals each of size “s”. s is called as step size and its value is
given as
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S= VH-VL / Q
Diagram of the Process quantization is as shown below

Q.4(a) (iii) Using Shannon Hartley theorem, calculate channel capacity for a channel
having BW of 15 kHz and signal to noise ratio of 20 dB.
Ans.: Given:
B = 15KHz
S/N = 20 dB
C = B log2 (S/N)
C= 15 *103* log2 (20)
C = 64.83 Kbps

[4]

Q.4(a) (iv) Explain fast frequency hopping with suitable diagram.
Ans.: Fast frequency hopping means multiple hops are used to transmit one symbol.
Thus the hop rate Rh is higher than Rs
Rh>Rs
The chip rate is equal to hop rate
Rc=Rh
The figgure shows variation of transmitted frequency of fast hopping with time:

[4]

Q.4(b) Attempt any ONE of the following :
[6]
Q.4(b) (i) Explain PN sequence generation in detail
[6]
Ans.: Note: Diagram & generation table with four flip-flops should also be considered
A PN sequence is defined as a pseudorandom coded sequence of Is and 0s with certain auto
correlation properties.

Maximum length of PN Sequence 'L' is the no. of bits in a PN sequence and it depends upon
the number of flip-flops 'n' used for the PN Sequence generator and given as
L = 2n- 1
The block diagram for 3 bit that is 7 bit length of PN sequence generator is as shown with
feedback taps [3, 1]
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Let initial value of shift register output
i.e. Q3 Q2 Q1 = 0 0 1 (any initial value can be taken)
Table is as shown below
Clock Pulse
Shift Register Outputs
EX-OR Gate Output
Q3
Q2
Q1
Q3 ⊕ Q2
0
0
0
1
0 ⊕0=0
1
0
1
0
0 ⊕1=1
2
1
0
1
1 ⊕0=1
3
0
1
1
0 ⊕1=1
4
1
1
1
1 ⊕1=0
5
1
1
0
1 ⊕1=0
6
1
0
0
1⊕0=1
7
0
0
1
0⊕0=0
8
0
1
0
0 ⊕1 = 1
9
1
0
1
1⊕0=1
10
0
1
1
0⊕1=1

PN Sequence
Q3
0
0
1
0
1
1
1
0
0
1
0

The actual data repeats again and again as shown in above table with pseudorandom data
bits in between to improve security of the data. Here the PN coded data will be of 7 bit.
The PN Sequence obtained at the output Q3 of filpflop 3 is
‘0 0 1 0 1 1 1 0 0 1 0’
Q.4(b) (ii) Generate CRC code for data word 1101010011 the divisor is 01011.
[6]
(A)
[Note - The divisor given is 01011, it should be taken as 1011 else it won't be solved]
To generate the CRC code as divisor is 4 bit, add three zeros to the data and get the
remainder as shown below. The last three bit remainder is the required CRC send along with
the data to be transmitted.

111101101
1011 110101011000 
-1011
1100
- 1011 
1111
- 1011
1000

- 1011
01111
-1011
1000
- 1011
01100
-1011
The CRC Data is 111. 111
The final coded data transmitted
will be 1 1 0 1 0 1 0 1 1 1 1 1
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Q.5Attempt any TWO of the following :
Q.5(a) Describe the North American digital multiplexing hierarchy with neat diagram.
Ans.:

[16]
[8]

OR

Explanation:
This first digital signal is true sence is the PCM voice signal. A PCM voice signal represents
64kbits/sec. i.e. 8000 sample/second* 8 bits per samples. Such a signal is called as digital
signal at level zero (DS0). It is also called as T1 signal. Due to 8000 sample/second, sampling
rate, the time duration between adjacent samples will be 15 sec. But practically DS0 signal
is not transmitted because most of the telephone lines are analog. Hence in telephone
central office, the subscriber analog line is passed through an anti-aliasing filter. The band
limited signal is applied to a codec, which convert it into DS0 signal. 24 DS0 lines are
multiplexed into a DS1. The telephone companies implement TDM through the hierarchy of
digital signals. This is called as digital signal service. Multiplexed signal is convered into a
frame at the DS1 or T1 level.
 In this heirarchy the first level of multiplexing involves 24 numbers of 64 kbps PCM-ed
voice channels,
 This gives a 1.544 Mbps digital signal. Four such signals are multiplexed in the second –
level multiplexing to obtain an 6.312 Mbps digital signal.
 The third involves seven inputs to give a 44.736 Mbps multiplexed signal. Six such
signals are multiplexed in the fourth – level multiplexer to obtain a 274.176 Mbps digital
signal.
 Again two such signals are multiplexed in the 5th level to get a 560.16 Mbps signal.
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Q.5(b) Draw the block diagram of QAM generation system & explain it with waveform.
Ans.:

[8]

Figures shows trensmitter for 4 bit QAM system. The input bit stream is applied to a serial
to parallel converter. Four seccessive bits are applied to the digital to analog converter.
These bits are applied after every Ts second. Ts is the symbol period & Ts = 4Tb. Bits Bk &
Bk + 1 are applied to upper digital to analog converter & Bk + 2, Bk + 3 are applied to lower
D to A converter. Depending upon the two input bits, the output of D to A converter takes
four output levels. Thus Ae (t) & Ao (t) takes 4 levels depending upon the combinaton of two
input bits. As (t) modulates the carrier Ps cos (2f0t) and Ao (t) modulates Ps sin (2f0t).
The adder combines two signals to give QAM signal. It is given as,
S (t) = Ae (t) Ps cos (2f0t) + Ao (t) Ps sin (2f0t).
Waveforms-

Q.5(c) Draw the block diagram of Direct sequence spread spectrum and state the
[8]
function of each block.
Ans.: Spread spectrum (DSSS):
In direct sequence, the serial binary data is mixed with a higher frequency pseudorandom
binary code at a faster rate and the result is used to phasemodulate a carrier.
DSSS :

The information signal undergoes primary modulation by PSK, FSK or other narrow band
modulation and secondary modulation with spread spectrum modulation. Spread spectra are
obtained by multiplying the primary modulated signal and the square wave, called the PN
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sequence. Contrariwise, as with commercial radio, there are cases where spread modulation
is applied to the data first, and narrow band modulation such as PSK or FSK is applied
afterwards.
The figure below is an example of spread spectrum modulation and demodulation using PSK
for primary modulation.
Receiver:
If despreading is applied to the received diffuse wave, it returns to the PSK or FSK
modulated wave resulting from primary modulation. Then, as with narrowband demodulation,
if the despread wave and local signal are multiplied, and appropriate low pass processing is
applied, the information signal is obtained. Despreading involves multiplying the same PN
code as that used at the transmitting end for the receiving wave. At this time, it’s
necessary to synchronize the receiving wave and PN code. There are two processing
methods on the receiving side, demodulation of the information signal after despreading,
and obtaining a positive and negative PN code by multiplying the local signal by the receiving
wave and despreading using correlation detection. With the former there is process gain
but the problem of synchronization remains. With the latter, the spectrum density of the
receiving wave itself is low, and regeneration of the local carrier for performing
synchronous detection is a problem. Commercial SS radio equipment uses the latter, but it
requires considerable power and has a short communication range.
Despreading:
The signal that enters the antenna of the receiver includes outside interference waves and
noise. If this signal is despread, the signal component returns to a narrowband modulated
wave and the interference components are diffused, expanding the spectrum infinitely so
that its power density falls. Therefore, by inputting the signal with frequency band
restricted using a BPF, the interference component power that falls into the demodulation
frequency band is reduced. The occurrence of errors is calculated using a stochastic
process, so ultimately, using a spread spectrum results in fewer errors, and this is why
spread spectrum communication is resistant to interference.
Demodulation:
Demodulation is normal narrowband demodulation. The local signal is regenerated from the
receiving wave and after multiplication by the receiving wave, unnecessary components are
eliminated with an LPF. Primary modulation uses PSK, so synchronous detection is necessary.
PNsequence :
The PN sequence is switched at a far faster speed than the symbol rate of the information
signal and its spectrum covers a wide band. For this reason, the spectrum of the modulated
wave after primary modulation also covers a wide band. We won’t go into detail here, but PN
sequences must meet the conditions required for spread spectrum modulation such as the
relationship of the numbers 1 and 0.
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Q.6Attempt any FOUR of the following :
Q.6(a) Draw block schematic of DPCM transmitter and receiver.
Ans.: Transmitter

[16]
[4]

Receiver

Q.6(b) Compare TDM, FDM & CDM (3
Ans.:
FDM
Divides the channel into the
two or more frequency
ranges that do not overlap.
Synchronization not required
Code word is not required
Needs guard bands

Problem of crosstalk

points).

[4]

TDM
Divides and allocates certain
time period to each channel.

CDM
Sharing of both bandwidth
and time takes place.

Synchronization not required
No coding
Needs guard time

Synchronization not required
Code words are required
Needs both guard band and
guard time
Secured communication

No problem of crosstalk

Q.6(c) Explain the role of predictor in differential pulse code modulation.
[4]
Ans.: In DPCM if the redundancy is reduced, then the overall bit rate will decrease and the
number of bits required to transmit one sample will also reduce. This type of digital pulse
modulation technique is called differential pulse code modulation. The DPCM works on the
principle of prediction. The value of the present sample is predicted from the previous
samples. The prediction may not be exact, but it is very close to the actual sample value.
Q.6(d) State the types of errors present in the digital communication system. Also
[4]
explain the causes and effects of errors.
Ans.: Types of error:
1. Single bit error:
Single-bit error occurs when only one bit of a given data string is in error (changed from
0 to 1 or from 1 to 0).
2. Burst error:
A burst error or multiple-bit error occurs when two or more bits within a given data
string are in error.
Example:
1. Single-bit errors affect only one character within a message. The following figure
illustrates single-bit error.
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2. Burst errors can affect two or more characters within a message. The length of the
burst is measured from the first corrupted bit to the last corrupted bit. Some bits in
between may not have been corrupted as shown in Figure.

Causes of errors:
Due to addition of noise in transmission & reception of data following errors occur. 1. If
data block is lost in the network as it has been delivered to wrong destination. 2. If two or
more bits from data unit such as a byte change from 1 to 0 or 0 to 1.
Q.6(e) Write about M-ary encoding. State any two advantage and disadvantage.
[4]
Ans.: M-ary encoding
 In an M-ary signaling scheme, we can send one of the ‘M’ possible signals/symbols such
as S1, S2…..SN (t) during each signaling interval of duration of ‘t’ seconds.
 The number of symbols is M and given as, M=2N, where N = no. of bits that are grouped
to form a symbol.
 These signals will extend over a period of NTb, where Tb is duration of one bit.
 Due to grouping of n bit per symbols, 2N=M possible symbols can be generated.
 M-ary ASK, M-ary-PSK and M-ary-FSK are the possible signaling scheme
Advantages
1) Conserves channel Bandwidth
2) Increase in system performance.
Disadvantages
1) Increase in probability of error.
2) Increase in transmitted power
3) Low SNR/high BER
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