
Real-time communication scheduling in a multicomputer videoserverA. L. Narasimha Reddy Eli UpfalTexas A & M University IBM Almaden Research Center214 Zachry 650 Harry RoadCollege Station, TX 77843-3128 San Jose, CA 95120.reddy@ee.tamu.edu ely@almaden.ibm.comPhone: 409-845-7598FAX: 409-845-2630 AbstractIn this paper, we will address the problem of scheduling communication over the inter-connection network of a distributed-memory multicomputer video server. We will show thatthis problem is closely related to the problem of data distribution and movie scheduling insuch a system. A solution is proposed in this paper that addresses these three issues at once.The movies are distributed evenly over all the nodes of the multicomputer. The proposedsolution minimizes the contention for links over the switch. The proposed solution makes moviescheduling very simple - if the �rst block of the movie is scheduled, the rest of the movie isautomatically scheduled. Moreover, if the �rst block of the movie stream is scheduled withoutnetwork contention, the proposed solution guarantees that there will be no network contentionduring the entire duration of playback of that movie. We will show that the proposed approachto communication scheduling is optimal in utilizing the network resources. Extensive simulationresults are presented to show the e�ectiveness of the proposed approach.
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21 IntroductionSeveral telephone companies and cable operators are planning to install large video servers thatwould serve video streams to customers over telephone lines or cable lines. These projects envisionsupporting several thousands of customers with the help of one or several large video servers. Theseprojects aim to store movies in a compressed digital format and route the compressed movie tothe home where it can be uncompressed and displayed. These projects aim to compete with thelocal video rental stores with better service; o�ering the ability to watch any movie at any time(avoiding the situation of all the copies of the desired movie rented out already) and o�ering awider selection of movies. Providing a wide selection of movies requires that a large number ofmovies be available in digital form. Currently, with MPEG-1 compression, a movie of roughly 90minute duration takes about 1 GB worth of storage. A video server storing about 1000 movies (atypical video rental store carries more) would then have to spend about $250, 000 just for storingthe movies on disk at a cost of $0.25/MB. This requirement of large amounts of storage impliesthat the service providers need to centralize the resources and provide service to a large number ofcustomers to amortize costs. Hence, the requirement to build large video servers that would storea large number of movies in a single system and be able to service a large number of customers.Multicomputer systems may be suitable candidates for supporting such large amounts of real-time I/O bandwidth required in these large video servers. Several problems need to be addressedfor providing the required real-time I/O bandwidth in such a multicomputer system. In thispaper, we outline some of the problems and their solutions particular to a video server basedon multicomputers. In this paper, we will use the term multicomputer system to describe a systemthat may be variously known as a multicomputer or a clusterd system without a single addressspace.2 The problemWe will assume that the multicomputer video server is organized as shown in Fig. 1. A number ofnodes act as storage nodes. Storage nodes are responsible for storing video data either in memory,disk, tape or some other medium and delivering the required I/O bandwidth to this data. Thesystem also has network nodes. These network nodes are responsible for requesting appropriatedata blocks from storage nodes and routing them to the customers. Both these functions can resideon the same multicomputer node, i.e., a node can be a storage node, or a network node or bothat the same time. Each request stream would originate at one of the several network nodes in the



3system and this network node would be responsible for obtaining the required data for this streamfrom the various storage nodes in the system.To obtain high I/O bandwidth, data has to be striped across a number of nodes. If a movie iscompletely stored on a single disk, the number of streams requesting that movie will be limited bythe disk bandwidth. As shown earlier by [1], a 3.5" 2-GB IBM disk can support upto 20 streams.A popular movie may receive more than 20 requests over the length of the playback time of thatmovie. To enable serving a larger number of streams of a single movie, each movie has to bestriped across a number of nodes. As we increase the number of nodes for striping, we increase thebandwidth for a single movie. If all the movies are striped across all the nodes, we also improvethe load balancing across the system since every node in the system has to participate in providingaccess to each movie. Hence, we assume that all the movies are striped across all the nodes in thesystem. Even when the movies are stored in semiconductor memory, the required communicationand memory bandwidths may require that the movie be striped across the memories of di�erentnodes of the system. For the rest of the paper, we will assume that the movies are striped acrossall the storage nodes. The unit of striping across the storage nodes is called a block. In our earlierstudies on disk scheduling [1], we found that 64-256 Kbytes is a suitable disk block size for deliveringhigh real-time bandwidth from the disk subsystem.As a result of this, a network node that is responsible for delivering a movie stream to the usermay have to communicate with all the storage nodes in the system during the playback of thatmovie. This results in a point to point communication from all the storage nodes to the networknode (possibly multiple times depending on the striping block size, the number of nodes in thesystem and the length of the movie) during the playback of the movie. Each network node will beresponsible for a number of movie streams. Hence the resulting communication pattern is randompoint-to-point communication among the nodes of the system. It is possible to achieve some localityby striping the movies among a small set of nodes and restricting that the network nodes for amovie be among this smaller set of storage nodes.We observe that the delivery of video data to the consumer requires three components of service:(1) reading of the request block from the disk to a bu�er at the storage node, (2) transmission ofthe block from the storage node to the network node over the multicomputer network and (3)the transmission of the block from the network node to the consumer's desktop. Since the lastcomponent of service would depend on the delivery medium (telephone wires, cable or LAN), wewill not address that issue here and will limit our attention to the service that has to be providedby the video server system, components (1) and (2).A video server has to supply data blocks of the movie at regular periods to the consumer. If
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5data is not transfered at regular intervals, the consumer may experience glitches in the delivery ofthe movie. To ensure glitch-free service, the video server has to guarantee �nishing the threecomponents of the service in a �xed amount of time. Guaranteeing delay bounds in servicecomponent (1) is addressed by appropriate disk scheduling [2, 1, 3, 4]. The problem of ensuringdelay bounds in service component (2) is addressed in this paper.When multiple transmissions take place simultaneously over the network, the delays experiencedby individual transmissions depend on the contention experieinced in the network. Worst caseassumptions of contention are typically made to obtain guaranteeable delay bounds in a network.Our approach to this problem is to carefully schedule individual tranmissions over the network soas to minimize (or eliminate) the contention in the network. This approach enables us to guaranteetighter delay bounds on transmissions over the multicomputer network of the video server.For the rest of the paper, we will assume that every node in the system is both a storage nodeand a network node at the same time, i.e., a combination node. We will use a multicomputersystem with an Omega interconnection network as an example multicomputer system.Movie distribution (or data distribution/organization) is the problem of distributing the blocksof movies across the storage nodes. This involves the order in which the blocks are striped acrossthe storage nodes. Data organization determines the bandwidth available to a movie, load balanceacross the storage nodes and the communication patterns observed in the network. Movie schedulingis the problem of scheduling a storage node and a network node such that the required blocks ofa movie stream arrive at the network node in time. At any given point in time, a node can beinvolved in sending one block of data and receiving one block of data. Movie scheduling is concernedwith scheduling the transfer of blocks of a movie between storage nodes and the network node forthat movie stream. Communication scheduling is a direct consequence of the movie schedulingproblem. When two transfers are scheduled to take place between two di�erent sets of source anddestination pairs, the communication may not happen simultaneously between these pairs becauseof contention in the network.Fig. 2. shows a 16-node Omega network [5] built out of 4x4 switches. Fig. 2 assumesunidirectional links going from left to right and hence each node has a sending port on one sideand the receiving port on ther side in Fig. 2. We will assume that each node has a sendingport and a receiving port and that a node can participate in a send and a recieve operationsimultaneously. Communication cannot take place simultaneously between nodes 1 and 3 andnodes 9 and 2 in Fig. 2. Can movies be scheduled such that there is no contention at thesource, at the destination and in the network? Communication scheduling problem deals withthis issue of scheduling the network resources for minimizing the communication delays. This
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7problem of scheduling communication over the multicomputer interconnection network is the focusof this paper. If the nodes in the multicomputer system are interconnected by a complete crossbarnetwork, there is no communication scheduling problem since any pair of nodes in the system cancommunicate without a con
ict in the network. Disk scheduling problem is dealt at each nodeseparately and we will assume that the system load is such that disk bandwidth is not a problem.Deadline scheduling [6] is known to be an optimal scheduling strategy when the tasks arepreemptable with zero cost and the task completion times are known in advance. Deadlinescheduling is shown to be optimal even when the tasks are not preemptable [7]. But, both thesestudies assume that the task completion times are known in advance. The block transfer time inthe network is dependent on whether there is any contention for the switch links and this contentionvaries based on the network load. Also, a network transfer requires multiple resources (links, inputand output ports) unlike the assumption of requiring only one resource in these studies. Hence,these results cannot be directly applied to our problem.Recent work [2, 1, 3, 4, 8] has looked at disk scheduling in a video server. File systems for han-dling continuous media have been proposed [9, 10, 11, 12, 13]. Multicomputer based video serversare studied in [14, 15, 16]. Related work in multicomputer communication includes estimation ofdelays in the network [17, 18, 19], studies on network hotspots [20] and many application speci�calgorithms that exploit the network topology, for example [21]. Other approaches to supportingmultimedia network tra�c include best-e�ort approaches [22, 23].3 Scheduling process3.1 Basic ApproachWe will assume that time is divided into a number of slots. The length of a slot is roughly equal tothe time taken to transfer a block of movie over the multicomputer network from a storage nodeto a network node (we will say more later on how to choose the size of a slot). Each storage nodestarts transferring a block to a network node at the beginning of a slot and this transfer is expectedto �nish by the end of the slot. It is not necessary for the transfer to �nish strictly within the slotbut for ease of presentation, we will assume that a block transfer completes within a slot.The time taken for the playback of a block is called a frame. The length of the frame dependson the block size and the stream rate. For a block size of 256 Kbytes and a stream rate of 200



8Kbytes/sec, the length of a frame equals 256/200 = 1.28 seconds. In this paper, we considerConstant Bit Rate (CBR) streams that require a constant data rate. A block takes a slot fortransfer from storage node to network node and takes a frame for playback at the client. Hence, astream requires data transfer service across the multicomputer network for a slot in every frame.If we can provide guarantees that a block of data can be provided to the client every frame, withdouble bu�ering at the client, the client can playback the movie continuously. We will assume thatthe frame is an integral multiple (F) of the slot size. The slot size can be increased suitably tomake this possible.Now consider scheduling the communication required by a single request stream. We will assumethat a single network node will coordinate the delivery of this request stream to the client. Let'sassume that the data required by this stream k in frame j is stored in storage node skj . Thenthe data transfer required by this stream can be represented by a sequence of pairs of the form(nk; sk0), (nk ; sk1)... and so on, where each pair represents the (destination, source) pairs involvedin the communication in each frame and nk is the network node involved in the delivery of thisstream. For a single stream, the resulting tra�c pattern is many (storage nodes) to one (networknode). Each stream requires similar network service from the system. Hence, the network servicefor all the streams has a many to many tra�c pattern. Data distribution among the storage nodesdetermines the exact tra�c pattern. We will assume in this paper that a node can simultaneouslyparticipate in a send and a receive operation.The schedule in the system can then be represented by a table as shown in Fig. 3. Each row inthe table represents a network node, each column represents a time slot and each entry in the tablerepresents the individual stream getting service and the storage node transmitting the requiredblock to the network node nk . Each stream's entries are separated by a frame (or F slots). If astream has an entry in time slot j requiring service from storage node si and network node nk,then that stream will have an entry in time slot j+F requiring service from storage node si+1 andnetwork node nk , where si+1 is the storage node storing the next block of data for this stream. Theorder of storage nodes si, si+1 is determined by the data distribution. To avoid scheduling con
ictsat the nodes, a storage node cannot be scheduled twice in the same column of this table since thatrepresents two transmissions in the same time slot. Con
icts in the network can be avoided if thepairs of nodes involved in communication in a slot (the entries in a column of the table) can beconnected by edge disjoint paths in the network.Now, the problem can be broken up into two pieces: (a) Can we �nd a data distribution that,given an assignment of (nk; skj ) that is source and destination con
ict-free, can produce a sourceand destination con
ict-free schedule in slot j + F (service required in the next frame)? and (b)Can we �nd a data distribution that, given an assignment of (nk ; skj ) that is source, destination



9
Network
   node

0

1

i

N-1

Slot

0 31 2

j
k

Stream k requires 
service from network
node i and storage node j
in slot 2

l
k

Stream k requires 
service from network
node i and storage node l
in slot (2+F)

Frame Storage node l can’t serve
another stream in this slot 
since it is busy with stream k

m
n

(1,m) and (i,l) have to
be edge disjoint for
network conflict-free
transfersFig. 3. Characteristics of a schedule table.



10and network con
ict-free, produce a source, destination and network con
ict-free schedule in slotj + F? The second part of the problem, (b), depends on the network of the multicomputer andthat is the only reason for addressing the problem in two stages. We will propose a general solutionthat addresses (a). We then tailor this solution to suit the multicomputer network to address theproblem (b).3.2 Movie Scheduling & Data DistributionAssume all the movies are striped among the storage nodes starting at node 0 in the same patterni.e., block i of each movie is stored on a storage node given by i mod N , N being the number ofnodes in the system. Then, a movie stream accesses storage nodes in a sequence once it is startedat node 0. If we can start the movie stream, it implies that the source and the destination do notcollide in that time slot. Since all the streams follow the same sequence of source nodes, when itis time to schedule the next block of a stream, all the streams scheduled in the current slot wouldrequest a block from the next storage node in the sequence and hence would not have any con
icts.In our notation, a set fnk; skj g in slot j is followed by a set fnk ; (skj +1) mod Ng in slot j+F in thenext frame. It is clear that if fnk ; skj g is source and destination con
ict-free, fnk; (skj + 1) mod Ngis also source and destination con
ict-free. Variants of such data distributions have been proposedand analyzed [11, 8].This simple approach makes movie distribution and scheduling stright-forward. However, itdoes not address the communication scheduling problem. Also, it has the following drawbacks: (i)not more than one movie can be started in any given slot. Since every movie stream has to startat storage node 0, node 0 becomes a serial bottleneck for starting movies. (ii) when short movieclips are played along with long movies, short clips increase the load on the �rst few nodes in thestorage node sequence resulting in non-uniform loads on the storage nodes. (iii) as a results of (i),the latency for starting a movie may be high if the request arrives at node 0 just before a longsequence of scheduled busy slots.The proposed solution uses one sequence of storage nodes for storing all the movies. But, itdoes not stipulate that every movie start at node 0. We allow movies to be distributed across thestorage nodes in the same sequence, but with di�erent starting points. For example movie 0 canbe distributed in the sequence of 0, 1, 2, ..., N-1, movie 1 can be distributed in the sequence of 1, 2,3, ..., N-1, 0 and movie k (mod N) can be distributed in the sequence of k, k+1, ..., N-1, 0, ..., k-1.We can choose any such sequence of storage nodes, with di�erent movies having di�erent startingpoints in this sequence.



11When movies are distributed this way, we achieve the following bene�ts: (i) multiple movies canbe started in a given slot. Since di�erent movies have di�erent starting nodes, two movie streamscan be scheduled to start at their starting nodes in the same slot. (ii) Since di�erent movies havedi�erent starting nodes, even when the system has short movie clips, all the nodes are likely to seesimilar workload and hence the system is likely to be better load-balanced. Di�erent short movieclips place the load on di�erent nodes and this is likely to even out. (iii) Since di�erent movies havedi�erent starting nodes, the latency for starting a movie is likely to be lower since the requests arelikely to spread out more evenly.The bene�ts of the above approach can be realized on any network. Again, if the set fnk; skj g issource and destination con
ict-free in slot j of a frame, then the set fnk ; (skj + 1) mod Ng is givento be source and destination con
ict-free in slot j + F , whether or not all the movies start at node0. As mentioned earlier, it is possible to �nd many such distributions. Similar approaches to loadbalancing have been adopted in [24, 11]. In the next section, it will be shown that we can pick adata distribution that can also guarantee con
ict-free transfers in the network.3.3 Communication SchedulingThe issues addressed in this section are speci�c to the network of the system. As mentioned earlier,we will use Omega network as an example multicomputer interconnection network. This problemarose out of a need to build a VOD server on an IBM SP2 machine that employs an Omega networkas an interconnection fabric. The solution described is directly applicable to hypercube networks aswell. The same technique can be employed to �nd a suitable solution for other networks. We willshow that the movie distribution sequence can be carefully chosen to avoid communication con
ictsin the multicomputer network. The approach is to choose an appropriate sequence of storage nodessuch that if movie streams can be scheduled in slot j of a frame without communication con
icts,then the consecutive blocks of those streams can be scheduled in slot j+F without communicationcon
icts.With our notation, the problem is to determine a sequence of storage nodes s0; s1; :::; sN�1such that given a set of nodes fnk ; skjg that are source, destination and network con
ict-free, it isautomatically guaranteed that the set of nodes fnk; ski+1g are also automatically source, destinationand network con
ict-free.First, let us review the Omega network. Fig. 2. shows a multicomputer system with 16 nodeswhich are interconnected by a 16x16 switch with a single path between any pair of nodes. Fig.



122. is an Omega network constructed out of 4x4 switches. To route a message from a source nodewhose address is given by s0s1s2s3 to a destination node whose address is given by d0d1d2d3, thefollowing procedure is employed: (a) shift the source address left circular by two bits to produces2s3s0s1, (b) use the switch in that stage to replace s0s1 with d0d1 and (c) repeat the above twosteps for the next two bits of the address. In general, steps (a) and (b) are repeated as many timesas the number of stages in the network. Network con
icts arise in step (b) of the above procedurewhen messages from two sources need to be switched to the same output of a switch.Now, let's address our problem of guaranteeing freedom from network con
icts for a setfnk; ski+1g given that the set fnk; ski g is con
ict-free. Our result is based on the following theoremof Omega networks.Theorem 1 If a set of nodes fni; sig is network con
ict-free, then the set of nodes fni; (si +a)modNg is network con
ict-free, for any a.Proof Refer to [5].The above theorem states that given a network con
ict-free schedule of communication, then auniform shift of the source nodes yields a network con
ict-free schedule.There are several possibilities for choosing a storage sequence that guarantees the above prop-erty. A sequence of 0, 1, 2, ...., N-1 is one of the valid sequences - a simple solution indeed! Let'slook at an example. The set S1 = f(0,0), (1,1), (2,2), ..., (14,14), (15,15)g of network-storage nodesis con
ict free over the network (identity mapping). From the above theorem, the set S2 = f(0,1),(1,2), (2,3), ..., (14,15), (15,0)g is also con
ict-free and can be so veri�ed. If S1 is the con
ict-freeschedule in a slot j, S2 will be the schedule in slot j + F , which is also con
ict-free.We have shown in this section that a simple round-robin distribution of movie blocks in thesequence of 0, 1, 2, ..., N-1 yields an e�ective solution for our problem. This data distributionwith di�erent starting points for di�erent movies solves (a) the movie scheduling problem, (b)the load balancing problem, (c) the problem of long latencies for starting a movie, and (d) thecommunication scheduling problem.Now, the only question that remains to be addressed is how does one schedule the movie streamin the �rst place, i.e., in which slot should a movie be started. When the request arrives at anode nk , we �rst determine its starting node sk0 based on the movie distribution. We look at each



13available slot j (where nk is free and sk0 is free) to see if the set of already scheduled movies donot con
ict for communication with this pair. We search until we �nd such a slot and schedule themovie in that slot. Then, the complete length of that movie is scheduled without any con
icts.An example schedule is shown in Fig. 4. The system has 4 nodes interconnected by an Omeganetwork as shown in Fig. 4(a). The example system has 4 nodes, 0, 1, 2, and 3 and contains 5movies A, B, C, D, and E. The distribution of movies A, B, C, D, E across the nodes 0, 1, 2, and 3is shown in Fig. 4 (b). For example, movie C is distributed cyclically across nodes in the order of2, 3, 1, and 0. For this example, we will assume that the frame length F = 3. Consider schedulingthe following requests: (i) Movie C requested by network node 0 in slot 0 (ii) movie A requestedby node 1 in slot 1 (iii) movie E requested by node 3 in slot 1 (iv) movie B requested by node 3 inslot 2 (v) movie A requested by node 1 in slot 3.Since (i) is the �rst the request, it can be scheduled without any con
icts. We schedule the �rstblock of the movie C from storage node 2 to network node 0 in slot 0. Subsequent blocks of thismovie stream are scheduled in slots 3, 6 and 9 as shown in Fig. 4(c). Each row in the scheduleshows the blocks received by a node in di�erent time slots. The entries in the table indicate themovie and the id of the sending node. The request (ii) for movie A can be scheduled in slot 1 sincethe nodes involved in the transfer 0 and 1 are free in slot 1. Request (iii) for movie E cannot bescheduled in slot 1 since it contends for the same storage node 0 as (ii). We can schedule (iii) intime slot 2. Request (iv) for movie B requires service between nodes 1 and 3 in slot 2. This causesa con
ict at the network node with request (iii) in slot 2. We can schedule request (iv) in time slot3 since there is no contention between already scheduled movie stream (i) in that slot. Request (v)for movie A in time slot 3 contends with the already scheduled request (iv) in the network in timeslot 3. Looking forward, we �nd that request (v) can be scheduled in time slot 8 (network node 1busy in time slot 4, network con
ict with (3,1) in time slot 5, storage node con
ict in time slot 6,network node 1 busy in time slot 7). This example sequence illustrates how the scheduling takesplace avoiding con
icts at the nodes and in the network. It is to be noted that to schedule thevideo streams, we only considered the problem of scheduling the �rst block without any con
icts.Once a con
ict-free slot is found for the �rst block, the rest of the movie didn't have any con
ictswith the already scheduled streams.4 Analysis of the Scheduling ProcessWe have proposed to use the packet-switched network of IBM's SP2 in a time-division multiplexingmode to guarantee delay bounds on individual transmissions. Does this approach utilize the network
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15resources optimally? Is it possible that the proposed approach fails in cases where packet switchedoperation may e�ectively guarantee the required delay bounds? In this section, we will show thatthe proposed approach is optimal in utilizing network resources.Assume that there areN storage nodes, and N network nodes (orN nodes that are both storageand data nodes) connected by an Omega network. Nodes are numbered 0; ::; N � 1. Movies arepartitioned into blocks of data. The data is distributed between the data nodes. The �rst blockof a movie may reside in an arbitrary node (i.e. di�erent movies start at di�erent data nodes).However, the order in which the blocks are distributed between the data nodes is the same, inparticular we assume, without loss of generality, that if a given block of a movie is at node i, thenext block is at data node i+ 1 (mod N).A frame has k slots and each movie stream needs to be served once in each frame. A stream issaid to be schedulable if the stream can be scheduled with no con
icts at the storage node, networknode and in the network.A schedule is legal if every movie stream is served at least once in each frame, and if the setof pairs (data-node, network-node) that have to communicate in each slot can be connected byedge-disjoint paths on the network. A legal schedule guarantees that each scheduled movie streamreceives su�cient service from the system and that the scheduled transmissions can take placewithout any con
ict in the network.Consider the proposed scheduling process: a new request is scheduled in the �rst possibleslot (i.e. the �rst slot in which the requesting network node can be connected by an edge-disjoint path to the data node storing the �rst block of the movie, without changing any otherscheduled communication). Once communication for the �rst block has been scheduled, subsequentcommunication steps are scheduled at intervals of exactly k slots.It is easy to verify that this schedule is legal (applying theorem 1). By the nature of thescheduling process, the transmissions do not con
ict in the �rst slot when this movie stream isscheduled. During the next frame, when this movie stream needs service, all the communicationpairs (si; ni) would have shifted to (si+1; ni). From theorem 1, if the set f(si; ni)g is con
ict-free,then the set f(si + 1; ni)g is also con
ict-free and hence the schedule is legal.We prove next that this simple, on-line scheduling procedure gives optimal utilization of thenetwork bandwidth.



16Since each movie needs to be serviced at least once in each frame, and a data node can serve onlyone request per step, it is clear that no communication process (packet routing or circuit switching)can satisfy more than k requests per network node in each frame. The following theorem provesthat the above scheduling process can satisfy any set of requests up to k requests per networknode, thus proving that the proposed policy provides as much bandwidth as any other schedulingprocedure for this problem.Claim 1 Let G be a directed acyclic network. Assume that the in-degree and out-degree of eachinternal node in G are equal. Assume that a set of inputs in G are connected by edge disjoint pathto a set of outputs, and assume that an input node v does not participate in any path. There is apath, edge disjoint from all the existing paths, connecting v to some output node.Proof: Node v is connected to some internal node. Since the in degree of that node equal itsout degree it has a free outgoing edge. Either this out-going edge is connected to an output node,or it is connected to another switch. Repeating this argument we eventually obtain a path from vto an output node, that is disjoint of the other existing paths.An Omega network can be seen as an acyclic graph with output ports of the nodes beingconnected by unidirectional links to the input ports of the nodes as shown in Fig. 2. Hence givenany set of existing edge-disjoint transfers through the network, we can connect an idle storage node(output port) to an idle network node (input port) without any con
icts within the network.Theorem 2 Assume that a set of movie streams has already been scheduled, and that a networknode v is processing less than k requests. As long as node v has no more than k requests, anynew request can be satis�ed within Nk slots from the time it arrives (i.e. the maximum delay intransmitting the �rst block of any movie is Nk� 1).Proof: Assume that the new request arrived at slot t. Since node v is serving less than krequests, there is a slot t0, in the interval t; t + 1; :::; t+ k � 1 in which node v is not active. Sincethe Omega network satis�es the conditions of the above fact, v can be connected at slot t0 to someoutput node w. At time t0+k, v can be connected to output node w+1 (mod N) and so on. Thus,there is a slot in the interval t; :::; t+Nk� 1 in which network node v can be connected to the datanode that contains the �rst block of the requested movie, and the rest of the movie is scheduled inintervals of k slots.



17Based on the above theorem, we can schedule a request at a network node as long as one ofthe k slots in a frame is not busy at that network node. Since every transmission requires the datato be sent from a data node, the network resources can be fully utilized. We will present resultsfrom simulations to give an idea of the delays that may be experienced in �nding an empty sloti.e., latency for scheduling the �rst block of the movie stream.5 Simulation ResultsOur analysis of the scheduling algorithm has shown that the proposed policy is optimal in utilizingnetwork resources. This section presents simulation results to show that satisfactory latencies canbe achieved for starting a movie stream using such an approach. We simulated a 16-node Omeganetwork built out of 4x4 switches. The system is assumed to contain 320 movies. The moviesare distributed uniformly across all the nodes in the system with the starting blocks of the moviesdistributed in a round-robin (or circular) order among the the nodes. Requests are assumed toarrive uniformly at all the (network) nodes. Several distributions of requests to di�erent moviesare considered as described below.We considered a block size of 256 Kbytes. At a stream rate of 200KB/sec, frame length isthen equal to 256 KB/200KB/s = 1.28 seconds. A slot size of 6.4 ms (with 40 MB/sec sustainednetwork throughput of IBM SP2, 256KB/40MB/s = 6.4ms) was chosen. Since the size of the frameis an integer multiple of slot size (1.28sec/6.4ms = 200), no further adjustments of slot size werenecessary. Since there are 16 nodes in the system, the system's capacity is 16*200 = 3200 moviestreams. The system was simulated such that 80% of the slots were utilized for delivering moviestreams. We will show later that at higher operating points, movie schedulability decreases rapidly.At 80% capacity, 2560 movie streams are scheduled. We simulated scheduling 2560 random moviestreams to reach the 80% operating capacity. Once this operating point is reached, a previouslyscheduled movie stream is deleted randomly (with uniform probability) from the schedule and anew movie stream is started randomly at one of the network nodes. Based on the distributionof the movies, this would generate a request for the �rst block of that movie. This request isscheduled as soon as possible without altering the schedule of the streams scheduled earlier. Themovie scheduling followed the procedure described earlier: looks at all the slots where the storagenode (of the �rst block of the movie stream) and the network node are free to see if this blockcan be scheduled without con
icting with the already scheduled streams in the network (both atthe switches and the links). By deleting one request and adding a new request, we maintain theoperating capacity at 80%. The latency required to schedule the �rst block of the newly generatedrequest is noted. We generated 100,000 such new requests (along with deletions of old requests).
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� ��� �Fig. 5. Startup latency distribution at 80% operating capacity.Startup latency, the latency to schedule the �rst block of a request stream, is the primaryperformane measure used in the simulations. If a stream request arrives in time slot t and the�rst block of the stream is scheduled in slot t0, then the startup latency = t0-t slots. The latencydistribution of such requests is shown in Fig. 5. It is to be noted that the frequency axis is inlog scale. Most of the requests observe very short latencies and the percentage of the requestsexperiencing long latencies is quite small. We also calculated the average latency and the 99-percentile latency of this distribution. These are shown in Table 1. It is observed that averagelatency observed by the new requests is quite low, less than 171 ms. Very few requests, less than1%, observe latencies above 0.960 seconds. The latencies are quite tolerable for starting the �rstblock of a movie in a video server. Since our goal in this paper is a video-on-demand service, eventhe maximum latency of 2.61 seconds is quite tolerable for starting a movie. It is possible to reducethis latency further by shifting already scheduled streams around (without violating their deadlinerequirements) to make room for an arriving request. It has been shown that such techniques arequite e�ective in reducing the startup latencies to a few slots [25].



19Table 1. Startup latency distribution with uniform movie distribution.Performance measure slots secondsAverage latency 26.757 0.17190-percentile latency 65 0.41695-percentile latency 89 0.57099-percentile latency 150 0.960Maximum latency 408 2.611Table 2. Startup latency distribution with 95-5 movie distribution.Performance measure slots secondsAverage latency 26.963 0.17390-percentile latency 65 0.41695-percentile latency 90 0.57699-percentile latency 151 0.966Maximum latency 436 2.791To study the impact of di�erent distributions of requests to movie streams, we considered thefollowing cases: (1) 80% of the requests go to 20% of the movies (2) 90% of the requests go to 10%of the movies and (3) 95% of the requests go to 5% of the movies. The results for these three cases,from a statistical point of view, were identical and as shown in Table 2. In Tables 1 and 2, x% ofthe requests experience a startup latency delay below the x-pecentile latency shown. Even thoughthe requests to movies are nonuniformly distributed, the block requests were uniformly distributedamong the nodes since the movies were randomly distributed among the nodes. The movies wereranked based on the frequency of use, and the starting block of the movies were distributed in around-robin fashion among the nodes in order of their rank. This results in distributing the loadevenly across all the nodes by distributing the frequently accessed movies across all the nodes.For example, with the 95-5 distribution, with 320 movies in the system, most frequently watchedmovies = 5% of the movies = 16 movies. If we distribute the starting blocks of these 16 moviesacross 16 nodes and the starting blocks of other 95% of the movies uniformly across 16 nodes, it isstill possible to maintain a uniform load across all the nodes. From the results, it is observed thatthe averages were slightly higher compared to results in Table 1, but not signi�cantly di�erent.
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Fig. 6. Impact of load on startup latency.So far, we have considered a system that is operating at 80% capacity. We varied the operatingcapacity from 50% to 90% to study the impact of load on the results. Fig. 6. shows the impact onaverage latencies (solid lines) and 99-percentile latencies (dashed lines) as the operating capacity isvaried from 50% to 90% with di�erent load imbalances. At low operating capacities of upto 70%,the latencies are quite low and do not vary signi�cantly. When the load is increased upto 80%and beyond, the latencies grow considerably. These results indicate that it is possible to obtainlower latencies by simply utilizing the reources to a lesser extent. This is called overdesigning orovercon�guring the system.To see the impact on schedulability, we arti�cially created load imbalance across the nodes inthe system. Load is evenly balanced across all the nodes when movies are striped across all thenodes in the system since a movie requires service from every storage node during playback. Tocreate imbalanced load, we considered a system where data is striped across two sets of N/2 nodes(please see section 6.3 for more details on how this can be done). In these experiments, half the
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Fig. 7. Impact of load on stream schedulability.nodes received x% of the requests and the other half of the nodes received (100-x)% of the requests.When x = 50%, the system is load balanced. When x = 60%, half the nodes received 60% of therequests, and the other half of the nodes received 40% of the requests, resulting in an imbalancedload. We considered values of 50, 55, 60, and 65 for x. When x = 65%, half the nodes servicenearly twice as many requests as the other half of the nodes.Fig. 7. shows the number of requests that could not be scheduled (out of 100,000 attempted)as a function of load. At higher loads, not all the requests could be scheduled, specially whenthe system is not load balanced. Even at 90% of operating capacity, the number of unschedulablerequests is below 5%. Upto an operating capacity of 70%, all the requests could be scheduledeven with in the most imbalanced system considered. Figures 6 and 7 point to the importanceof keeping the system load balanced. If load can be balanced across the system, the system cansupport larger number of streams (operate at higher capacity) and o�er better latencies than animbalanced system.



226 Other issues6.1 Clock SynchronizationThroughout the paper, it is assumed that the clocks of all the nodes in the system are somehowsynchronized and that the block transfers can be started at the slot boundaries. If the link speedsare 40MB/sec, a block transfer of 256 Kbytes requires 6.4 ms, quite a large period of time comparedto the precision of the node clocks which tick every few nanoseconds. If the clocks are synchronizedto drift at most, say 600 us, the nodes observe the slot boundaries within �10%. During thistime, it is possible that the block transfers observe collisions in the network. But during the restof the 90% transfer time in the slot, the block transfers take place without any contention overthe network. This shows that the clock synchronization requirements are not very strict. It ispossible to synchronize clocks to such a coarse level by broadcasting a small packet of data atregular intervals to all the nodes through the switch network. The nodes of IBM's SP2 machinecan be synchronized to within a few microseconds of each other [26].6.2 Di�erent stream ratesWe have assumed that all the request steams require the same data rate from the system. However,due to di�erent compression standards or due to di�erent qualities of compression, di�erent streamscan have di�erent data rate requirements. Given a stream rate and the design parameter of framesize, we can calculate the amount of data that has to be retrieved by the system to keep the clientbusy for a frame. Then slots can be alloted to accommodate the required amount of data. Forexample, for realizing a 3Mbits/sec stream rate, 2 slots are assigned to the same stream within aframe if a slot can fetch enough data for a 1.5Mbit/sec stream (as in our earlier example). Thesetwo slots are scheduled as if they are two independent streams making sure that the assigned secondslot is not more than half a frame behind the �rst slot (otherwise, stream starvation results). Onlydi�erence is that the network node assigns a larger number of block bu�ers and handles themdi�erently than with a stream at basic rate. When the required stream rate is not a multiple of thebasic stream rate, a similar method can be utilized with the last slot of that stream not necessarilytransferring a complete block. The complexity of bu�er management increases at the network node.



236.3 Di�erent network nodes and storage nodesWe have assumed so far that all the nodes in the network are combination nodes. Even whenthis is not the case, it is possible to �nd mappings of network nodes and storage nodes to themulticomputer nodes that guarantee freedom from network con
icts. For example, assigning thenetwork nodes the even addresses and the storage nodes the odd addresses in the network, anddistributing the movies in round-robin fashion among the storage nodes yields similar guarantees.For example, assigning storage nodes to addresses of (0, 2, 4, 6) and the network nodes to (1, 3,5, 7) in an 8-node network provides similar guarantees. The communication pattern for a moviestream originating at node 1 will then follow a circular order of ...(1,0), (1,2), (1,4), (1,6), (1,0),(1,2).... The set of communicating pairs in one slot fni; sig in one slot are followed by the setf(ni); (si+2) mod Ng in the next frame and hence by theorem 1 (with shift a = 2) are guaranteedto be con
ict free if the original set was con
ict-free. Similarly it can be shown that it is possibleto provide con
ict-free delivery when data is striped across half of the storage nodes.6.4 Choosing a slot sizeIdeally, we would like all block transfers to complete within a slot. However, due to variationsin delivery time all the block transfers may not �nish within a slot. Transfer delay variationsare minimized by the proposed approach through careful scheduling and minimization of networkcon
icts. The network adapters at the source and the destination can still add variations to thedelivery time due to memory bandwidth con
icts. When the transfer time exceeds a slot, di�erenttransfers may contend for the same link in the network. To avoid such problems, it will be necessaryto overestimate the slot size. It is also pointed out earlier that to make the frame an integral multipleof the slot size, we may have to overestimate the slot size (since exact values may not be multiples).This larger slot size would also mitigate the possible e�ects of the drift among clocks at the nodesin the network.6.5 Communication OverheadAs discussed earlier, wide striping of data across all the nodes in the system results in all-to-allcommunication patterns. For example, a network node serving a movie stream communicates withall the storage nodes in the system during the life of that stream. It is possible to localize thecommunication to a small set of nodes. For example, if the movie is striped across 4 nodes of the



24system, the network node would only have to communicate with those 4 storage nodes. However,this localization is achieved at a cost of reduced bandwidth to movies stored on these 4 storagenodes. The number of streams to movies on these 4 storage nodes will be limited. This localizationalso results in load imbalance at the storage node disks along with imbalance in communicationacross the network, storage nodes with popular movies receiving more demand than others. Widestriping, as explained above, makes the load uniform and predictable at the disks and across thenetwork making it easier to schedule streams for guaranteed service.It is also to be pointed out that in multistage interconnection networks such as an Omega net-work, communication between any pair of nodes takes the same number of hops (links and switches)across the network. Localization has little bene�t in reducing the load across such networks.However, indirect networks such as hypercubes, can bene�t from localization of communicationtra�c.6.6 Other Interconnection NetworksThe proposed solution may be employed even when the multicomputer system is interconnectedby a network other than an omega network. To guarantee con
ict-free transfers over the network,appropriate data distributions for those networks have to be designed. For hypercube type ofnetworks that can emulate an omega network, same data distribution provides similar guaranteesas in Omega network. It can be shown that if movie blocks are distributed uniformly over allnodes in a hypercube in the same order 0; 1; 2; :::; n� 1 (with di�erent starting nodes), a con
ictfree schedule in one slot guarantees that the set of transfers required a frame later would also becon
ict free. Oracle's media server uses NCube's hypercube machine [14].7 SummaryDeadline scheduling is normally used in most of the real-time applications. For our applicationhere, each network node needs to send a request with the earliest deadline to the storage nodeholding that block. Each storage node serves the request with the earliest deadline. The networkalso needs to implement deadline scheduling for switching packets through the network. Also, evenif all the components of the system could implement deadline scheduling, the following issues willremain to be addressed: (a) it is possible for two storage nodes to initiate two transfers that collidein the network. Then, one of the transfers gets delayed if deadline scheduling is employed (and



25thus idling that storage node) or both the transfers take twice as long if round-robin scheduling isemployed. In this scenario, the scheduling decisions are being independently made at the storagenodes and the switches in the network. How does one avoid such scenarios or how does one docentralized deadline scheduling (without the knowledge of the current packets in the network)? (b)when should a movie be started?Our approach/solution addressed a large number of these issues which remain to be addressedin other approaches. In this paper, we presented a uni�ed solution for data distribution, moviescheduling and communication scheduling in a multicomputer video server. The solution is proposedin two stages. The �rst step argued that a simple regular pattern for storing movies across storagenodes with di�erent starting nodes can reduce the movie scheduling problem to a simpler problemof scheduling the �rst block of the movie without any adverse a�ects of the earlier proposals. Thesecond step consists of deriving such a sequence such that communication con
icts are minimized inthe network. We exploited the network topology of the multicomputer to derive such a sequence thatguarantees freedom from communication con
icts if the �rst block of the movie is scheduled withoutany communication con
icts. We presented extensive simulation results to show the e�ectivenessof the proposed approach. We also addressed some real world issues such as load balancing, andclock synchronization. We have shown that most of the issues can be satisfactorily addressed.In situations where other issues may be present, the proposed solution can be used as a startingpoint for reducing (rather than guaranteeing freedom from collisions) the communication schedulingproblems in a video server.8 AcknowledgmentsDiscussions with Roger Haskin and Jim Wyllie have contributed to our understanding of theproblem. Reviewers comments have helped to improve the presentation of the paper.
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