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Question . Marks Max
# Description Distribution Marks
Explain PCM encoder used for analog to digital
conversion with steps and example.
e Explain what is PCM with diagram 2M+
1 . ; ) . 6M+ 10M
e Explain steps involved in sampling, 2 M
guantization & encoding with diagrams
o Detailed example
(a) Briefly explain ASK & FSK modulation
techniques with diagrams and specify the bandwidth
requirements.
e Explain ASK  with diagram & 3IM +
implementation 1M+
2 e Bandwidth expression with diagram for 3M+
ASK 1M 10M
e Explain FSK  with  diagram &
implementation
e Bandwidth expression with diagram for FSK
(b) Find the bandwidth for a signal transmitting at 12
Mbps for QPSK. The value of d=0. 2M
e Show formula and calculations
(a) State and explain the data rate management to
3 handle disparity in input data rates in TDM. 2M*3
e Explain the 3 methods with diagrams 10M
(b) Two channels, one with a bit rate of 100 kbps and 1M *4
another with a bit rate of 200 kbps, are to be




multiplexed. How can this be achieved? Calculate the
frame rate, frame duration and bit rate of the link.
e Show the calculation and mention the logic
applied to deduce the answer.
(a) What is spread spectrum? Mention its advantages.
4 e Explain spread spectrum with diagram 2M*2
e Mention 2 advantages briefly
(b) Explain FHSS and discuss its merits over FDM. 10M
e Explain the FHSS technique in detail
including its implementation 2M*3
e Show the block diagram & slot allocations
e Compare with FDM using diagram
Explain the 3 phases of switching at the data link
layer with necessary diagrams. Also obtain an
expression for total delay.

5 e 3 phases - Setup phase, Data transfer phase 7TM+ 10M
& Teardown phase explanation with 3M
diagrams

e Expression for delay with diagram showing
each delay component.
(a) Explain simple parity check code with a neat
5 diagram. 25 M* 2
e Block Diagram '
e Explanation of how parity checker works
(b) If the generating polynomial for CRC code is
x3+x+1 and dataword is 1101100100, generate the 10 M
code word at the sender side.
e Calculate value of n IM*5
e  Obtain augmented dataword
e Perform modulo-2-division
e Obtain check bits
e Obtain codeword

1. Explain PCM encoder used for analog to digital conversion with steps and example.

The most common technique to change an analog signal to digital data (digitization) is called

pulse code modulation (PCM). A PCM encoder has three processes,

figure.

Quantized signal
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as shown in the below
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1. The analog signal is sampled.
2. The sampled signal i quantized.

3. The quantized valies are encoded as streams of bits.

ii.

[

Sampling
The first step m PCM is sanpling. The analog signal is sanmpled every Ts s, where Ts i the

sanple mterval or period. The mverse of the sampling mterval i called the sanplng rate or

samphing frequency and denoted by £&. where & = 1/Ts. There are three samphng methods—
ideal natural. and flat-top as shown m the next figure.
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a. Ideal sampling b. Natural sampling c. Flat-top sampling
In ideal sanmpling, pulkes from the analog signal are sampled. This & an ideal sampling
method and camot be easily mplemented. In natwral sanmplng a high-speed switch is
twned on for only the small period of time when the sampling occurs. The result i a
sequence of sanples that retains the shape of the analog signal The most common sampling
method. called sample and hold. however, creates flat-top samples by using a circuit.

The sampling process i sometimes referred to as puke amplitude modulation (PAM). The
result of sampling is still an analog signal with nonmtegral vahes.

Samplng Rate

According to the Nyquist theorem, to reproduce the origmal analog sicnal one necessary
condition is that the samplng rate be at least twice the lughest frequency m the origmal
signal

Quantization

The result of samplng s a series of pulses with amplitude valuies between the maximum and
mmimum amplitudes of the signal The set of amplitudes can be mfinite with nonmtegral
values between the two limits. These values camnot be wsed m the encodmg process. The
following are the steps m quantization:

a. We assume that the origmal analog signal has mstantaneous amplitudes between
Vmm and Vmax,

b. We dnade the range mto L zones, each of height A (delta).
vV —V_.

c. We assign quantized valies of 0 to L — 1 to the midpomt of each zone.
d. We approximate the valie of the sanple amplitude to the quantized wvahes.

For example, assume that we have a sampled signal and the sample amplitudes are between
—20 and +20 V. We decide to have eight levels (L = 8). This means that A=5 V. Figure
shows tlus example.
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We have shown only nine samples usmg ideal samplng (for smplicity). The value at
the top of each sample m the graph shows the actual amplitude. In the chart. the first row
the normalzed value for each sample (actual amplitude/A). The quantzation process selects
the quantization valie from the middle of each zone. This means that the normalized
quantized valies (second row) are different from the normalized ampltudes. The difference
is called the normalized error (third row). The fowth row is the quantization code for each
sample based on the quantization levels at the left of the graph. The encoded words (fifth
row) are the fmal products of the conversion.

Quantization Levels

In the previous exanple, we showed eight quantzation levels. The choice of L. the munber
of levels, depends on the range of the amphtudes of the analog signal and how accurately we
need to recover the signal If the amplhtude of a signal fluctuates between two values only.
we need only two levelk; if the signal ke voice. has many amplitude vahles. we need more
quantization levek. In audio digitizing. L & normally chosen to be 256: m video 1t 15
normally thousands. Choosmg lower valies of L mereases the quantization error if there s a
lot of fluctuation m the signal




Quantization Error

One mportant ssue s the error created m the quantization process. Quantzation i an
approxmnation process. The mput vales to the quantizer are the real values: the output
values are the approximmated valies. The output values are chosen to be the nuddk valie n
the zone. If the mput valie 5 ako at the nuddle of the zone. there 1 no quantization error:
otherwise, there is an error. In the previous example. the normalized ampltude of the third
sample 15 3.24, but the normalized quantized value s 3.50. This means that there s an error
of +0.26. The valie of the error for any sample 15 less than A/2. In other words. we have
—A/2 < error < A/2.

i1, Encoding
The last step m PCM is encodmg. After each sample & quantized and the number of bits per
sample 15 decided, each sample can be changed to an nb-bit code word. In the previous
figure, the encoded words are shown m the last row. A quantization code of 2 is encoded as
010: 5 15 encoded as 101: and so on. Note that the munber of bits for each sanple =
determined from the munber of quantization levels. If the munber of quantization levels 1 L.
the munber of bits is nb =log2 L. In our example L is § and nb i therefore 3. The bit rate
can be found  from the fornmla

Bit rate = sampling rate X number of bits per sample = f; X ng

2a. Briefly explain ASK & FSK modulation techniques with diagrams and specify the
bandwidth requirements.

Amplitude Shift Keying (ASK):

In amplitude shiff keving., the amplitude of the carrier signal i varied to create signal elements.
Both frequency and phase remam constant while the amplitude changes.

1. Bmary ASK (BASK)
ASK = normally mplemented using only two levels. This & referred to as bmary
anpliude <hift keying or on- off keying (OOK). The peak amplitude of one signal level is
0: the other 1 the same as the amplitude of the carrier frequency. Fiowre 5.3 gives a
conceptual view of bmary ASK.

Amplitude Bit rate: 5
A
e 1 l L r=1 S=N B=(0+d)§
I ] ] 1 1
NANL NANAANEL —
7V AR Badwidn
1 signal : 1 signal : I signal : 1 signal H | signal H
element I element I element : element : element : | I
0 f
ls
0 :
Baud rate: 5 f

Bandwidth for ASK The above fioure alo shows the bandwidth for ASK. Although the
carrier signal 15 only one smple sme wave. the process of modulation produces a
nonperiodic composite signal As we expect, the bandwidth & proportional to the signal rate
{(baud rate). However, there i normally another factor mvolved. called d, which depends on
the modulation and filtermg process. The value of d is between 0 and 1. This means that the

bandwidth can be expressed as shown where 5 is the signal rate and the B & the
bandwidth.



B=(1+d)x S

The fornmla shows that the requwed bandwidth has a mmmmum valuie of S and a maxmmuun
value of 2S. The most mportant pomt here 5 the location of the bandwidth.

The muddle of the bandwidth is where fi, the carrier frequency. is located. This means if we
have a bandpass channel available, we can choose owr f: so that the modulated signal
occupies that bandwidth.

The next figure shows how we can simply implement binary ASK.
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If digital data are presented as a unpolar NRZ digital sienal with a high voltage of I V and
a low wvoltage of 0 V. the mplmentation can acleved by nmliplme the NRZ digtal
sigcnal by the carrier signal commeg from an oscillator. When the amphtude of the NRZ
signal 1 1. the amphiude of the camier frequency s held: when the anplitude of the NRZ
signal © 0. the amplitude of the carrier frequency 1s zero.

We can have multilevel ASK in which there are more than two levels. We can use 4,8, 16, or
more different amplitudes for the signal and modulate the data using 2, 3, 4, or more bits at a
time. In these cases, r =2, r =3, r =4, and so on.

Frequency Shift Keying (FSK):

In frequency shiff keying, the frequency of the carrier signal 5 varied to represent data. The
frequency of the modulated signal s 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 remam
constant for all signal elements

Binary FSK (BFSK) One way to thmk about bmary FSK (or BFSK) is to consider two carrier
frequencies. In Figure 5.6, we have selected two camrier frequencies.fl and 2. We use the first
carrier if the data element is 0; we use the second if the data element & 1.

Figure 5.6 Binary frequency shift keying
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As Figwre 5.6 shows, the middlke of one bandwidth is f1 and the middle of the other s f2. Both f1
and f2 are Af apart from the mudpomt between the two bands. The difference between the two
frequencies is 2AL

Bandwidth for BFSK Figure 5.6 also shows the bandwidth of FSK. Agam the carrier signak are
only smple sme waves, but the modulation creates a nonperiodic composite signal with
contimious frequencies. We can think of FSK as two ASK signals, each with its own carrier
frequency fl and f£2). If the difference between the two frequencies is 2Af then the requwed
bandwidth is

= (bd) x S+2Af

Implementation There are two mplementations of BFSK: noncoherent and coherent. In
noncoherent BFSK. there may be discontimity m the phase when one signal element ends and
the next begims. In coherent BFSK. the phase contmmes through the boundary of two signal
elements. Noncoherent BFSK can be mplemented by treatng BFSK as two ASK modulations
and usmg two camier frequencies. Coherent BFSK can be mlplenlemed by using one voltage-
controlled oscillator (VeO) that changes its frequency accordmg to the mput *m]taee Figure 5.7
shows the smplfied idea belind the second mplementation. The mput to the oscillator i the
unpolar NRZ signal When the amplinde of NRZ i zero. the oscillator keeps s regular
frequency: when the amplitude & positive, the frequency is mereased.

Figwre 5.7 Implementation of BFSK
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Multilevel modulation (MFSK) 15 not uncommon with the FSK method. We can use more than two
frequencies. For example, we can use four different frequencies f1.£21f3 and f4 to send 2 bits at a
time. To send 3 bity| at a tume, we can use eight frequencies. However, we need to remember that the

frequencies need to be 2Af apart. For the proper operation of the modulator and demodulator, it can
be shown that the mmumum valie of 2Af needs to be S. We can show that the bandwidth with d =0

B=(1+d)x S+ (L -1)2Af > B=Ix S

2b. Find the bandwidth for a signal transmitting at 12 Mbps for QPSK. The value of d=0.

Solution
For QPSK, 2 bits 15 carried by one sienal element. This means that r=2. So the signal rate (baud rate)
5 § =N x (1//) =6 Mbaud. With a value of d=0, we have B =5 =6 MHz.

3a. State and explain the data rate management to handle disparity in input data rates in TDM.

If data rates are not the same, three strategies, or a combination of them, can be used. We call
these 3 strategies multilevel multiplexing, multiple-slot allocation, and pulse stuffing.



Multilevel Multiplexing

Muttilevel mmiltiplexing is a techmique used when the data rate of an mput Ine is a nmltiple of
others. For exampl., mn Figwwe 6.19. we have two mputs of 20 kbps and three mputs of 40 kbps.
The first two mput lnes can be nmitiplexed together to provide a data rate equal to the last three.
A second level of imltiplexing can create an oufput of 160 kbps.

Figure 6.19  Multilevel multiplexing
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Multiple-Slot Allocation

Sometimes it is more efficient to allot more than one slot in a frame to a single input line. For
example, we might have an input line that has a data rate that is a multiple

of another mput. In Figwe 6.20. the mput Ime with a SO-kbps data rate can be given two slots m
the output. We msert a serial-to-parallel converter m the line to make two mputs out of one.

Figure 6.20 Multiple-slot multiplexing
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Pulse Stuffing

Sometimes the bit rates of sowrces are not nmiltiple mtegers of each other. Therefore. netther of
the above two techmiques can be applied. One solution s to make the highest mput data rate the
dommant data rate and then add dunmmy bits to the mput lmes with lower rates. This will
mecrease ther rates. This techmique is called puke stuffing. bit paddmng. or bit stuffing. The idea
15 shown m Figure 6.21. The mput with a data rate of 46 is pulse-stuffed to mcrease the rate to 50
kbps. Now nuiftiplexing can take place.

Figure 6.21 Pulse stuffing
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3b. Two channels, one with a bit rate of 100 kbps and another with a bit rate of 200 kbps, are
to be multiplexed. How can this be achieved? Calculate the frame rate, frame duration and bit
rate of the link.

Solution

We can allocate one slot to the first channel and two slots to the second channel. Each frame car-
ries 3 bits. The frame rate is 100,000 frames per second because it carries 1 bit from the first
channel. The frame duration is 1/100,000 s, or 10 ms. The bit rate is 100,000 frames/s = 3 bits per
frame, or 300 kbps. Note that because each frame carries 1 bit from the first channel, the bit rate
for the first channel is preserved. The bat rate for the second channel is also preserved because
each frame carries 2 bits from the second channel.

4a. What is spread spectrum? Mention its advantages.

Spread spectrum is designed to be used in wireless applications (LANs and WANS). In these
types of applications, we have some concerns that outweigh bandwidth efficiency. In wireless
applications, all stations use air (or a vacuum) as the medium for communication. Stations must
be able to share this medium without interception by an eavesdropper and without being subject
to jamming from a malicious intruder (in military operations, for example).

To achieve these goals, spread spectrum techniques add redundancy; they spread the original
spectrum needed for each station. If the required bandwidth for each station is B, spread
spectrum expands it to Bss, such that Bss >> B. The expanded bandwidth allows the source to
wrap its message in a protective envelope for a more secure transmission.

Spread spectrum achieves its goals through two principles:

1. The bandwidth allocated to each station needs to be. by far. larger than what is needed. This
allows redundancy.

2. The expanding of the original bandwidth B to the bandwidth Bss mmst be done by a process
that 1 mdependent of the origmal signal In other words, the spreadmg process occurs affer the
signal s created by the sowce.

Fiaqwe 6.27 Spread spectium
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After the signal s created by the sowrce, the spreadmg process uses a spreadmg code and spreads
the bandwidth The figwe shows the origmal bandwidth B and the spreaded bandwidth Bss. The
spreading code i a series of munbers that look random but are actually a pattern. There are two

techniques to spread the bandwidth: frequency hoppmg spread spectrum (FHSS) and diect
sequence spread spectrum (DSSS).



4b. Explain FHSS and discuss its merits over FDM.

The frequency hoppmg spread spectnun (FHSS) techmique uses M different camier fiequencies
that are modulated by the sowce signalAt one moment, the signal modulates one carrier
frequency: at the next moment. the signal modulates another camrier frequency. Although the
modulation s done using one carrier fiequency at a tme, A frequencies are used m the long un.
The bandwidth occupied by a sowrce after spreading i BpHSS »B.

Fioure 6.28 shows the general layout for FHSS. A pseudorandom code generator, called
pseudorandom noise (PN), creates a k-bit pattern for every hoppmg period The The fiequency
table uses the pattemn to find the fiequency to be used for this hopping period and passes it to the
frequency synthesizer. The

frequency synthesizer creates a carrier signal of that fiequency. and the sowce signal modulates
the carrier signal

Figwe 6.28 Frequency hopping spread spectrum (FHSS)
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Suppose we have decided to have eight hoppmg frequencies. This is extremely low for real
applications and ® just for ilustration. In this case, M is 8 and & is 3. The pseudorandom code
generator will create eight different 3-bit patterns. These are mapped to eight different
frequencies m the frequency table (see Figure 6.29).

First-hop frequency

L

k-bit | Frequency

000 200 kHz
001 300 kHz

101 111 001 000 010 110 011 100| [0 400kHz

k-bit patterns

011 || 500 kHz
T 100 | 600 kHz
First selection >l 101 700 kHz
110 | 800 kHz

11 || 900kHz

Frequency table



The pattern for this station i 101. 111, 001, 000, 010, all. 100. Note that the pattern is
pseudorandom 1t is repeated affer eight hoppmgs. This means that at hoppmg period 1. the
pattern s 101. The frequency selected s 700 kHz the sowce signal modulates this carrier
frequency. The second k-bit pattern selected is 111. which selects the 900-kHz carrier; the eighth
pattern s 100, the frequency is 600 kHz After eight hoppings. the pattern repeats. starting from
101 agam. Figure 6.30 shows how the signal hops around from camrier to camrier. We assune the
requoed bandwidth of the origmal signal s 100 kHz

Figure 6.30 FHSS cycles
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It can be shown that this scheme can accomplish the previously mentioned goals. If there are
many k-bit patterns and the hoppmg period & short, a sender and receiver can have privacy. If
an mtruder tries to mfercept the transnutted signal she can only access a smmll piece of data
because she does not know the spreadmg sequence to quickly adapt herself to the next hop. The
scheme has also an antijamming effect. A malicious sender may be able to send noise to jam the
signal for one hopping period (randomly), but not for the whole period.

Bandwidth Sharing

If the munber of hoppmg flequencies & M, we can nultiplex M chamnels mfo one by usmg the
sane Bss bandwidth. This s possible because a station uses just one frequency m each hoppmg
period: M - 1 other frequencies can be used by other M - 1 stations. In other words. M different
stations can use the same Bss if an approprate modulation techmque such as mmiftiple FSK
(MFSK) s used. FHSS is smular to FDM. as shown m Figwe 6.31.Figwe 6.31 shows an
exanple of fowr chammels usmg FDM and four chammels usmg FHSS.
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5. Explain the 3 phases of switching at the data link layer with necessary diagrams. Also obtain
an expression for total delay.

A virtual-circuit network is normally implemented in the data-link layer.

Figure 8.10  Virtual-circuit network
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As in a circuit-switched network, a source and destination need to go through three phases in a
virtual-circuit network: setup, data transfer, and teardown. In the setup phase, the source and
destination use their global addresses to help switches make table entries for the connection. In
the teardown phase, the source and destination inform the switches to delete the corresponding
entry. Data transfer occurs between these two phases.

1. Data-Transfer Phase
To transfer a frame flom a sowce to its destmation. all switches need to have a table entry for
this virtual cwcut. The table, m #ts smplest form has four cohmms. This means that the switch
holds four pieces of mformation for each virtual cmcwit that is already set up.

Figwre 8.12 shows such a switch and its corresponding table.

Figure 8.12  Switch and tables in a virtual-circuit network
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Figwre 8.12 shows a frame arrving at port 1 with a VCT of 14. When the frame arrives. the
switch looks i its table to find port 1 and a VCI of 14. When it is found. the switch knows to
change the VCI to 22 and send out the frame from port 3.

Figwre 8.13 shows how a frame from sowce A reaches destmation B and how its VCI changes
dumg the trip. Each switch changes the VCI and routes the frame. The data-transfer phase is
active umtil the sowce sends all s frames to the destmation. The procedwre at the switch is the

same for each frame of a message. The process creates a vitual cmcut, not a real cmcud.
between the source and destmation.

Figure 8.13  Source-to-destination data transfer in a virtual-circuit network
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3. Setup Request
A setup request frame s sent from the sowrce to the destmation Figwre 8.14 shows the process.

Figure 8.14  Setup request in a virtual-circuit network
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a. Sowrce A sends a setup frame to switch 1.

b. Switch 1 recerves the setup request frame. It knows that a frame gomg fiom A to B goes out
through port 3. The switch. m the setup phase. acts as a packet switch: it has a routmg table
which s different from the switchmg table. For the moment. assume that f knows the output
port. The switch creates an entry i its table for this virtual circuit, but it is only able to fill three
of the fow cohmms. The switch assigns the mcommg port (1) and chooses an available mcommg
VCI (14) and the outgomg port (3). It does not vet know the outgomg VCI. which will be found
durmg the acknowledgment step. The switch then forwards the frame through port 3 to switch 2.

¢. Switch 2 receives the setup request frame. The same events happen here as at switch 1: three
cohmms of the table are completed: in this case. mcomimg port (1).ncommg VCI (66). and
outgomg port (2).

d. Switch 3 recerves the setup request frame. Agam. three cohmms are completed: mcommg port
(2). mcoming VCI (22), and outgomng port (3).

e. Destmation B recetves the setup frame. and if it i ready to receive frames from A.it assigns a
VCT to the mcoming frames that come from A. i this case 77. This VCI kts the destmation
know that the frames come from A, and not other sources.

Acknowledgment

A special frame. called the acknowledgment frame, completes the entries m the switching
tables. Figwre 8.15 shows the process.

Figure 8.15  Setup acknowledgment in a virtual-circuit nerwork
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a. The destmation sends an acknowledgment to switch 3. The acknowledgment carries the global
sowrce and destmation addresses so the switch knows which entry m the table is to be conpleted.
The frame ako camries VCI 77, chosen by the destmation as the mcommg VCI for frames from
A. Switch 3 wses this VCI to conplete the outgomg VCI cohum for this entry. Note that 77 is
the mcommg VCI for destmation B. but the outgomg VCI for switch 3.

b. Switch 3 sends an acknowledgment to switch 2 that contams its mcommg VCI m the table.
chosen m the previous step. Switch 2 uses this as the outgomg VCI m the table.



c. Switch 2 sends an acknowledgment to switch 1 that contains its icommg VCI in the table.
chosen in the previous step. Switch 1 uses this as the outgoing VCI m the table.

d. Fmally switch 1 sends an acknowledgment to sowrce A that contams its mconmg VCI m the
table. chosen m the previous step.

e. The sowce uses this as the outgoing VCI for the data frames to be sent to destmation B

Teardown Phase
In this phase, sowrce A, after sendmng all frames to B, sends a special frame called a reardown
request. Destmation B responds with a teardown confimation frame. All switches delete the
correspondmg entry from ther tables.

Delay in Virtual-Circuit Networks
In a vitualcrcut network. there is a one-tme delay for setup and a one-time delay for
teardown. If resowrces are allocated during the setup phase. there is no wait time for mdmidual
packets. Figure 8.16 shows the delay for a packet travelmg through two switches m a virtual-
crcut network.

Figure 8.16  Delay in a virtual-circuit network
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The packet is travelng through two switches (routers). There are three transmussion tmmes (37 ).
three propagation tmes (3 |). data transfer depicted by the slopmg Ines, a setup delay (which
mchides transmission and propagation m two dmections). and a teardown delay (which mchides
transmission and propagation m one dmection). The total delay time is

Total Delay = 3T + 3t + setup delay + teardown delay
6a. Explain simple parity check code with a neat diagram.

In parity check code, a k-bit data word is changed to an n-bit codeword where n =k + 1. The
extra bit, called the parity bit, is selected to make the total number of 1s in the codeword even.

The minimum Hamming distance for this category is dmin =2, which means that the code is a
single-bit error-detecting code.



‘igure 10.4  Encoder and decoder for simple parity-check code
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The calculation s done m modular arithmetic. The encoder uses a generator that takes a copy of
a 4-bit dataword (a0. al. a2. and a3) and generates a parity bit 10. The dataword bits and the
parity bit create the 5-bit codeword. The partty bit that s added makes the munber of 1s m the

codeword even. This is normally done by adding the 4 bits of the dataword (modulo-2): the result is the
parity bit. In other words,

rp=ar+ay+a;+ay (modulo-2)

If the munber of 1s & even. the result 15 0: if the munber of 1s s odd, the result is 1. In both
cases, the total munber of 1s in the codeword s even. The sender sends the codeword which
may be commupted durmg transnussion. The receiver receives a 5-bit word. The checker at the
recerver does the same thmg as the generator m the sender with one exception: The addition
is done over all 5 bits. The result, which is called the syndrome. is just 1 bit. The syndrome i

0 when the mumber of 1s in the recetved codeword is even: otherwise, it i 1.
so=b3+by+ by +by+q; (modulo-2)

The syndrome & passed to the decision logic analyzer. If the syndrome is 0. there s no error
m the received codeword: the data portion of the recetved codeword is accepted as the data
word: if the syndrome s 1. the data portion of the recerved codeword i1s discarded. The data
word © not created.



6b. If the generating polynomial for CRC code is x>+x+1 and dataword is 1101100101,
generate the code word at the sender side.




