CS 536 (Park) Midterm Oct. 26 (Mon.), 1998

PROBLEM 1 (32 pts)

(a) Name two compelling reasons for using digital transmission in place of analog transmission in data communication. When transmitting analog signals across digital channels, what are the steps involved in making this happen? Start with the bandwidth of the signal to be transmitted and all the intermediate steps involved in reaching a bps data rate measure.

(b) What is head-of-line blocking and why are output-buffered switches suited to handling this problem? Describe a scenario when head-of-line blocking is especially severe (assuming input-buffered switches are used).

Why is input-buffering needed at all? Describe a scenario when input-buffering is superior to output-buffering. Does the fact that a switching fabric is nonblocking make input-buffering superfluous? Explain.

(c) What is the fundamental trade-off relationship between bandwidth, link latency (i.e., distance), and frame size for Ethernet’s CSMA/CD protocol? In high-speed versions of Ethernet networks, as bandwidth is increased, what are the adjustments that need to be made to maintain high utilization?

If frame size were held fixed, then what would the implication to LAN network architecture be if bandwidth is increased ever more assuming the goal is to maintain high utilization?

(d) Give two examples where the bit rate is higher than the baud rate and vice versa. Assuming clock recovery/synchronization is a critical issue, give a scheme where the bit rate stays the same as the baud rate and clock recovery is, for “typical” instances, achieved. What is the meaning of “typical” in this context? When does this scheme fail?

If data compression is to be applied under this scheme, should it be done prior to encoding (i.e., clock recovery scheme) or afterwards? Explain.

PROBLEM 2 (32 pts)

(a) Assume you are asked to write a performance-oriented reliable data link communication protocol for a point-to-point link using Stop-and-Wait (a special instance of ARQ) where the link bandwidth is B (bps) and the link latency is d (sec). With Stop-and-Wait, what is the maximum reliable throughput achievable, and under what condition can this be attained? (You may assume an infinite source.)

If a deterministic noise process corrupts every other data frame (the ACK frames are left unscathed), what is the maximum reliable throughput achievable? If ACK frames are corrupted as well, then, on what further variable does throughput depend? What is the appropriate value for this variable to be set?

(b) Assume a router implements weighted fair queueing (or generalized processor sharing) packet scheduling with k flows or connections each with service weights α_1, α_2, . . . , α_k. Let λ_1, λ_2, . . . , λ_k denote the average data rate (bps) that each flow generates to the router. Other things being equal, to rank which flow gets the best QoS (e.g., measured by packet loss rate), followed by the second best etc., how would you go about determining this ranking? Does α_i > α_j imply that flow i receives better QoS than flow j?

Assume that flows i and j have the same average data rates (i.e., λ_i = λ_j ) as well as having the same service weights (i.e., α_i = α_j). Does this imply, other things being not equal, that they receive equal QoS? What are some of the other factors (there is one principal factor) that can influence the QoS received?

(c) Among all the medium access control (MAC) protocols we considered, which ones can be classified as reactive and which ones can be classified as proactive, and why? Which one was a comprise between the two?

If a bus-based medium needs to be shared among n stations or hosts and there was a choice between using CSMA/CD vs. token bus (create logical ring structure among the n stations and subsequently treat it as a token ring), which one would you use if throughput is the main consideration? Phrase your answer in terms of n where n can be viewed as representing the potential contention level or traffic intensitity.

(d) Assume two-level addressing is used to facilitate internetworking in wide area networks. Suppose host A needs to send a packet to host B but A and B do not reside on a common LAN. There is, however, a router R—dual homed—which resides on both the LANs that A and B are connected to. As the packet makes its way from A’s protocol stack via R’s protocol stack to B’s protocol stack, describe in sufficient detail (e.g., the role of ARP etc.) what happens during the entire lifetime of the packet as far as protocol processing—spanning both data link and network layers—is concerned.

PROBLEM 3 (36 pts = 20 + 16)

(a) Consider a router which implements prioritized packet scheduling with two priority levels 1 and 2. For each output port, the router maintains two equal-sized buffers, one for each priority class. As a packet heads for a given output port, its priority level—a key in the packet header—is inspected and it is enqueued into its corresponding buffer. If its buffer is full, the packet is dropped.

An output link is scheduled or allocated among packets in the two buffers in the following way: if there are any packets in the buffer for priority level 1, these packets are continually serviced (say, FIFO) until such time (if ever) the buffer is empty. Only then does the router service the priority level 2 buffer. However, if, while doing so, a priority level 1 packet arrives, attention is returned to the buffer corresponding to priority level 1.

Let μ denote the link speed (bps) and let λ_1, λ_2 denote the average data rates of the two prioritized flows, respectively. Assuming the two flows are constant bit rate (CBR) flows—i.e., each sends a data stream at a constant rate—what is the weakest condition that would force the priority level 2 flow to be completely starved? If the weakest condition is not met and there are some packets from priority level 2 flow being serviced, in the long run, what is the packet loss rate experienced by flow 2? (Derive the expression.) Does μ > λ_1 + λ_2 imply that both flows receive equal service quality? Explain.

Can you think of a reason why this particular packet scheduling discipline should be used over weighted fair queueing? For what situation would a beneficial effect, if any, be gained?

(b) Assume aliens have taken over earth and they don’t particularly like IP’s way of doing internetworking. Noticing that IEEE’s LAN standards (e.g., Ethernet, token ring, FDDI, DQDB) assign a unique 6 byte addresses to every network interface card (NIC), they undertake an effort to rewrite internetworking software to create a flat addressing scheme where every device is identified by its LAN or MAC address only.

Given that LAN protocols, over different LAN technologies, do not interoperate, how would you restructure the routers such that internetworking with the flat addressing scheme is achieved? Using the set-up of Problem 2 (d), explain what happens in the life of a packet as it makes its journey from A via R to B in the revised protocol stack, and how it differs from the previous case. Does the MAC layer need to be changed at all? What would be the effect of this scheme be on the routing table?