CSAS 3211 Practice
1. What do the following terms mean:

a. IP number: A unique identifier for computer on the internet. Consists of 4 numbers, each between 0 and 255

b. DHCP: An "IP number" server that assigns dynamically IP numbers to hosts on a LAN

c. DNS: Domain Name Server finds the IP number for an "Internet name"

d. TCP: A connection-oriented, reliable service offered by the transport layer of the TCPIP protocol.

e. UDP: A connection-less, unreliable service offered by the TCPIP protocol

f. low-pass Filter: cuts off high frequencies and lets low frequencies pass

g. T1 line: a collection of 24 voice lines, transmits at about 1.5Mbps

h. digital signal: a signal consisting of distinct levels (a 'step function' in math language)
2. Give a short answer to each of the questions:

a. Why do networks in general use layered protocols?

To break up the complex job of a network into small, well-defined tasks so that each task is easier to program. Also isolates a network from current technology as each layer can be based on new technologies without impact to other layers.

b. In a connection-oriented service, do packets arrive in the same order they are sent?

Yes

c. What type of errors does a ‘parity bit’ detect?
One-bit swaps

d. Which signals have higher Fourier harmonics, binary or analog signals?

Binary signals

e. Describe briefly what happens when your laptop, attached to the network, boots up so that it eventually becomes a valid Internet host.

It sends a request to DHCP client, who returns an IP number. The laptop then becomes a valid internet host and also is told the location (IP number) of the DNS server and the gateway.

f. If a ‘class C’ license consists of fixing the first 2 parts of an IP number, then how many class-C licenses can exist on the Internet, and how many machines can be part of any ‘class C’ licensee?

255*255 class C licenses, each one can have 255*255 hosts.

3. Suppose f(x) = 2 – 3cos(t) + 4 sin(2t) is defined on the interval [0, 2 Pi]. Find all Fourier coefficients of the Fourier series 

F(t) = c/2 + a1 sin(t) + b1 cos(t) + a2 sin(2t) + b2 cos(2t) + a3 sin(3) + b3 cos(3t) + …

c = 4, a1 = 0, b1 = -3, a2 =4, all others are zero.

Suppose a binary signal representing 01101010 is sent through a telephone line. What’s the problem when trying to send this pattern as fast as possible?

The faster you try to send it, the higher the frequencies become that comprise the pattern. Since high frequencies are cut off by a low-pass filter on a phone line, the signal eventually becomes unrecognizable.

Suppose the function F(t) = 1.34 – 44.99 sin(2000 t) + 55.33 cos(4000 t) – 0.39 sin(5000t) represents the Fourier series of the binary pattern 01101010. How would the received pattern of that bit pattern look like if it is sent through a line with a 2Khz low-pass filter?
Frequencies higher than 2000 Hz are removed, so what's left is a simple sine wave.
4.
Explain how you could convert POSITIVE integers to binary numbers (i.e. sequences of bits). How would you convert characters to bit sequences? How about positive and negative numbers? If 16 bits are used to represent integers, how many different integers could you represent, and how would you split up these integers to cover both a positive and negative range?

Make a table of powers of two. Then find the largest power of two less than or equal to the number. Put a 1 in that slot and find the remainder. Find the largest power of 2 that fits into the remainder and record a 1 in that slot. Keep doing this until no remainder remains. Fill in 0's everywhere else.

To convert positive and negative integers, reserve one bit for the sign (say the first bit). That leaves two representations of zero, so recode one of these representations to another integer.

With 16 bits you can represent 2^16 different numbers. They could be split up, for example, from 

-2^15-1, ..., -1, 0, 1, …, 2^15

4. List the different layers, including – very briefly – their responsibilities, of the OSI reference model. Make sure to mention, in this context, what “protocols” and “interfaces” are. Then describe at least 3 differences between the OSI and the TCP/IP model.

Please refer to the book for a description of the different layers and their responsibilities. Some differences are that OSI is a model, TCPIP is really used; OSI has 7 levels, TCPIP uses 4; 
5. For which purpose is the Nyquist theorem used, and what is the difference between the Nyquist and the Nyquist-Shannon theorem. Then answer the following questions:

Nyquist gives max. data rate of a noiseless channel, Shannon takes noise into account.

a. How many bits/sec can be sent on a 50kHz noiseless line if eight-level digital signals are used?
max rate = 2*50,000 * log_2(8) = 300Khz

b. If a binary signal is sent over a 3kHz channel whose signal-to-noise ratio is 30dB, what is the maximum achievable data rate?

max rate = H * log_2(1001) = use a calculator
6. Describe, in your own words, the responsibilities of the data link layer  Then answer the following questions:

The data link layer breaks data into frames, handles error detection, and flow control.

a. What are flag bytes used for, and how do you ensure that flag bit patterns do not occur inside the data to transport.

Flag bytes are used to break bits into frames. They denote frame boundaries. Stuffing is used to ensure that flag bytes are unique.

b. Suppose you use a flag bit pattern 01110 and you use the following stuffing algorithm: replace any two consecutive 1’s by 110 in the data. If the data bit pattern 01010110110 is stuffed and framed, are the frame boundaries unique? If so, what are the stuffed and framed bits?

01010110110 => 01110010101100110001110 so yes, the frame boundaries are unique.

c. Assuming that errors may occur while transporting bytes, describe some general mechanisms the data link layer could use to provide a service that transfers, in effect, bits without errors and without changing their order. In other words, how can the data link layer determine whether a “bad” frame needs to be resent and at the same time ensuring that a “good” frame is not received twice.

You need timers, sequence numbers, and acknowledgment frames. The timer is used to resend a packet in case no ackn. comes back. Sequence numbers are used to detect duplicate frames.

7. Recall that an even parity bit is computed so that the total number of 1’s in the data is even. 

a. What is the parity of 101101111001110010010011100100111?

The parity bit would be 1

b. If you stuff data by replacing consecutive runs of 1’s by the same number of 1’s followed by a 0, should you compute the parity bit before or after stuffing?

Well? Good question, hm?
c. Should you compute and append the parity bit before or after adding flag bytes?

Oh, right, another good question.
d. Suppose a bit pattern has been constructed by (1) computing an even parity bit and appending it to the end of the data bits (2) stuffing by replacing all sequences of 11111 by 111110, and (3) framing by adding the flag byte 01111110 at the beginning and end of each frame. Now you receive the following pattern (
0111111010111100100100111001111010001100100011001011111100111111010101011100110101000111110001011001111110

How many frames are there, which frame is invalid, and what is the original data in each valid frame?

01111110|10111100100100111001111010001100100011001|01111110

01111110|101010111001101010001111100010110|01111110

2 Frames:

1011110010010011100111101000110010001100-1 (21 1's, so invalid)


10101011100110101000111110001011-0 (18 1's, so valid)
8. Some question about data link protocols yet to be determined.

Still nothing.

9. Suppose the graph below represents a subnet, where the numbers on the edges represent distances between the attached routers. 

a. Use the Dijkstra Shortest Path algorithm to find the shortest path from A to D. Fill in the labels of all nodes you encounter while applying that algorithm.

b. Create a complete sink tree for node D. What principle are you using?

See book and/or class notes.
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10. We have covered several routing algorithms in the network layer, among them shortest path, flooding, distance vector, and link state routing algorithms. 

Describe these algorithms. What is the principle difference between distance vector and link state routing algorithms?

Now consider a subnet with 6 routes named A, B, C, D, E, and F. Suppose that for distance vector routing the following vectors have just arrived at router C. 

from B: (5, 0, 8, 12, 6, 2) (i.e the distance B-A is 5, B-B is 0, B-C is 8, B-D is 12, B-E is 6, and B-F is 2), 
from D: (16, 12, 6, 0, 9, 10); and from E: (7, 6, 3, 9, 0, 4);

The measured delays from C to its neighbors B, D, and E are 6, 3, and 5, respectively. What is C’s new routing table? Give both the outgoing line to use and the expected delay.

What is the count-to-infinity problem, and for which routing algorithm does it apply? How does the other routing algorithm manage to avoid that problem?
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