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Abstract 
We propose a new reservation-based bandwidth allocation method to satisfy the re

quirements of real-time data. It reserves bandwidth in the form of uniformly distributed 
time slots on a link. It is conceptually simple and should be easy to implement. Delay
insensitive or loss-insensitive data can be transmitted concurrently, using the unreserved 
bandwidth. 

As an example of its application, we discuss the on-demand delivery of pre-recorded, 
continuous media data. Given the file size, the playback rate, and the buffer space avail
able at the client site, we compute the range for data transmission rate that prevents 
client buffer underflow and overflow. Based on this range, our channel allocation scheme 
can reserve bandwidth along the connection from the server to the client. We first discuss 
in detail the case where data are not compressed, so that all playback-frames of data 
consist of the same number of bytes, and then report similar results on the compressed 
data case, in which different playback-frames may consist of different numbers of bytes. 

Keyword Codes: C.2.3; H.3.5; H.5.1 
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Systems 

1. INTRODUCTION 

1.1 ATM and Real-Time Applications 
With the recent advances in digital communication technology, it has become possible 

to transmit many different types of information in digital form in an integrated network, 
sharing the network resources. The Asynchronous Transfer Mode (ATM) of Broadband 
Integrated Systems Digital Network (B-ISDN) [11, 19] is intended to take advantage of 
the reliability and fidelity of modern digital communication facilities, in order to provide 
much faster packet switching than has been available in the past. ATM has often been 
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hailed as a panacea for all communication needs. However, it's been realized that, by its 
very nature, it is not straightforward for ATM to deliver the kind of quality-of-service 
required by many real-time applications (e.g., [3, 7, 9]). A great deal of effort has recently 
been made to address this problem (e.g., [7, 10, 13, 20]). We propose a new bandwidth 
allocation scheme, which represents our contribution towards solving this problem. 

Although our allocation scheme has a wide range of applications, we focus on the 
delivery-on-demand of pre-recorded, continuous media data. It is envisioned that con
sumers will be able to select video programs in the comfort of their home, instead of 
renting video tapes from a video rental store. The simplest method for delivering a movie 
would be to make the client wait until the entire movie had been transmitted to the buffer 
of the client's machine before viewing the movie. This approach is not satisfactory if the 
client does not want to wait that long, or there isn't enough storage in the client's machine 
to store the entire movie. In such situations, we need to start viewing the movie before 
the data transfer is complete. 

In this paper, we discuss in some detail: 

1. a new bandwidth allocation scheme for a communication link that meets strict real
time requirements without packet loss, and 

2. its application to the on-demand delivery of pre-recorded, continuous media data 
(compressed at variable rate) for real-time playback, when the client has a finite 
storage capacity. 

1.2 Previous Work 
In addition to those contained in the papers we cited above, a number of other so

lutions have been proposed for the bandwidth allocation for real-time data transfer in 
delay-sensitive packet-switching networks [4, 5, 14, 15, 16], and storage and retrieval of 
multimedia information [2, 6]. However, even in the absence offailures and errors, meeting 
stringent real-time deadlines with packet-switching is difficult, and most of the solutions 
cannot offer 100% guarantees. 

In most real-time applications, end-to-end delay and jitter are probably the most im
portant quality-of-service parameters, while minimizing the amount of buffer required 
inside the network is perhaps of secondary importance. However, depending on the appli
cation, the relative importance of these parameters varies. For one-way, real-time video 
or voice transmission, for example, the absolute amount of delay is, in most cases, less 
important than the jitter. In this section, we first review some representative bandwidth 
allocation and scheduling schemes to put our contribution in perspective. Based on a 
recent paper by Li, et a!. [10], we compare several schemes with respect to three criteria: 
(i) maximum end-to-end queueing delay (excluding the propagation delay), (ii) maximum 
jitter, and (iii) the worst case buffer requirement at a network node. In Table 1 below, 
the following parameters are used. 

• B-Link bandwidth (bits/sec) 

• rm - smallest connection rate (the transmission rate of the narrowest bandwidth 
assigned to a connection) 

• h- route length (in number of hops) 
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I Max queueing delay I Jitter I Buffer required per node I 
Stop-and-Go[7] 2h(l/rm) h(l/rm) 
Virtua1Clock[20] h(l/rm) h(l/rm) 
Immediate forwarding[lO] hT1 TJ 
2-frame choice[10] 2hT1 hT1 
Binary Preallocation h(c/ B) 0 

Table 1: Comparison of various schemes 
(All but the last row is from [10].) 

• c- cell size (in ATM, c =53· 8 = 428 bits) 
• l- cell payload size (in ATM, l = 48 · 8 = 384 bits) 

• Tf - frame time 

2B(c/rm) 
B(c/rm) 

BT1 
2BT1 

c 

ATM service is based on the transmission of small, fixed-size packets called cells. In this 
paper, we use the terms, cell and packet, interchangeably. 

We refer the reader to the discussion of the first four rows of the above table to 
reference [10]. It is commented in [10] that Stop-and-Go queueing has a limitation in that 
its frame time (or scheduling interval) must be fixed at c/rm, which in turn determines 
the maximum queueing delay for all connections. If a voice connection is to be made at 
64Kb/sec through an ATM network, for example, lfrm = (48 · 8/64 ·103 )sec = 6msec, so 
that the maximum queueing delay per node is 12msec. Delays of this magnitude may be 
intolerable for other applications with higher-speed connection rates. 

The basic idea of the Immediate forwarding scheme is that since the maximum queue
ing delay, for example, is proportional to the frame time Th Tf should be kept small, 
independently of the desired minimum connection rate, rm. If rm satisfies kTJ = c/rm, 
then the minimum-rate connection can use every kth frame to transmit its cells. 

The last row of the above table summarizes the properties of Binary ?reallocation that 
we propose in Section 3 of this paper. They are derived based on the assumption that all 
the local clocks of the nodes tick at exactly the same rate but they are not synchronized 
with each other [8, 12], so that the cell slots of an input link are not necessarily aligned 
with those on the corresponding output link. If they were perfectly aligned, taking the cell 
processing time at the node into account, then both the max queueing delay and buffer 
required per node would be 0 (the queueing delay does not include the cell processing 
time). Another important feature of our scheme is that it imposes no lower bound, rm, on 
the available connection rate, so that an arbitrarily low connection rate can be provided 
without causing any wasted bandwidth. 

Gemmell [6] discusses the retrieval from disk and playback of continuous media data. 
His model (which doesn't include a network) is developed specifically for the real-time 
requirements of digital audio playback. He shows how to describe these requirements in 
terms of the consumption rate and the data-retrieval rate. Lower bounds are derived 
on buffer space for certain common retrieval scenarios. Gemmell's work motivated us 
to investigate a more general case, where there is a network between the source and the 
playback unit. When pre-recorded, compressed video data are transmitted over a network 
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and played back at the destination, a variable number of cells are consumed per playback
frame. To analyze such a system, we use a model in which the playback unit has a variable 
playback rate within a certain range. 

The rest of the paper is organized as follows. In the next section, we present our 
model and define some useful terms. In Section 3, we propose a new bandwidth allocation 
scheme, called Binary ?reallocation, mentioned above. The remaining sections discuss an 
application of Binary ?reallocation to the on-demand delivery of pre-recorded, continuous 
media data. In Section 4, we first consider the buffer overflow and underflow problems 
for uncompressed data, and derive tight lower bounds on the required buffer size. Based 
on these bounds, we then derive the feasible range for the data transfer rate. Section 5 
will investigate those problems for compressed data. 

2. THE MODEL 
We model a network by a directed graph, in which the directed edges represent uni

directional communication links. A server is represented by a node of outdegree 1 and 
indegree 0, and a client is represented by a. node of outdegree 0 and indegree 1. All other 
nodes participate in transmitting packets (cells). 

To model ATM, we assume that all cells sent over the network have the same size, 
and the bandwidth of a communication link is expressed in terms of the number of cells 
it can transmit per second. The unit of playback is called a playback-frame, and it 
consists of a sequence of cells. We further assume that the capacity of a link £ is of 
the form R0 /2h(C) (cells/sec), where Ro (cells/sec) is a constant for the network but the 
non-negative, dimensionless integer h(£) depends on the particular link£. 

Each request by a client is characterized by the following three parameters. 

1. F: the file size (in the number of cells it consists of). 

2. B: the buffer space (in the number of cells that it can store) available for this request 
at the client's site. 

3. Rc: the consumption (or playback) rate, i.e., the rate of playback in cells/sec. 

A service for a multimedia on-demand application can be provided in three phases: 
the connection set-up, data transmission and clear-up phases. We now elaborate on the 
connection set-up phase. Upon receiving a request from a client, a network node calculates 
the feasible transfer rate range and then forwards the request to the appropriate server. 
The network then uses a routing algorithm to find a route between the server and the 
client, which is called a global logical channel or connection. Every link on this connection 
has a local logical channel or, simply, a channel, corresponding to this global logical 
channel. To ensure that there are enough resources in every node (processing capacity 
and buffer space) and link (bandwidth) along a global logical channel, a routing algorithm 
performs an admission test at each node along the path it is trying to find. If the admission 
test succeeds, the required resources at the node are temporarily reserved for the request. 
Finally, if a feasible connection is found, the network accepts the request and proceeds 
to the data transmission phase. Otherwise, the request is rejected, and the temporarily 
reserved resources are released. 

If the delivery rate of playback-frames from the network is lower than the consumption 
rate, Rc, playback-frames must first be prefetched and buffered, before playback can start. 
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We assume that, while playback is in progress, one playback-frame in the buffer is used 
exclusively for playback and no part of it should be modified. If the buffer does not hold 
the next playback-frame when the playback of the current playback-frame is complete, 
playback is disrupted. We call this problem the buffer underflow problem. On the other 
hand, if the playback-frame delivery rate is higher than Rc, unless enough buffer space 
is provided, the arriving cells may overflow the buffer before they are played back. We 
call this the buffer overflow problem. Gemmell [6] shows that starting playback as soon 
as possible minimizes the required buffer space and vice versa. 

In the rest of this paper, a frame will mean a playback-frame (i.e., not the time frame 
we discussed in the previous section). 

3. BANDWIDTH ALLOCATION 
Given that we want to use ATM for all applications, the problem we face is how to 

support synchronous applications within the framework of ATM. 
We divide the time on each link into cell slots, whose size is the time needed to 

output a single cell over that link. Suppose link R can transmit R(R) = 2-h(£)~ cells/sec. 
Number the cell slots of link R as 0,1,2, ... We define the subchannel consisting of the 
even-numbered cell slots, i.e., 0, 2, 4, ... , and call it cg. So, for i = 0, 1, 2, ... , the ith 
cell slot belonging to Co (we omit the superscript£, when it is clear from the context) is 
given by 

Co(i) = 2i. 

Similarly, G1 consists of the odd-numbered cell slots, i.e., 

In general, the subscript a in Ca is a binary string whose length is denoted by k, i.e., 
a = d1d2 · · · dk. When k = 0, a = A (the null string). Formally, Ca can be defined 
recursively as follows: The logical channel consisting of the total bandwidth of link£, i.e., 
Cj,_, is defined by 

and 

From the above definition, we can derive the following formula. 

c d, d2 ···d· ( i) = 2k . i + dl + d2 . 2 + ... + dk . 2/o-1 . 

Binary Preallocation Algorithm (BPA) 
Let R (cells/sec) be the requested bandwidth on link£. 

(1) 

(2) 

(3) 
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0 I 2 3 4 S 6 7 8 9 · · · · · · Cdl •lo< • 

• Cell 'lot> belonging to Cooo 0 CeU slots belonging to Col 

• Cell slots belonging to C II 0 UnallocatJ:d 

0 

Figure 1: Binary ?reallocation and its tree representation. 

1. Find an unallocated (potential) channel, Cd,dz ·-d,_, with the minimum transmission 
speed such that R( fl.) j2i-1 ?. R. Let k = j. 

2. while R(fl.)j2k?. R do 
divide the channel into two subchannels (each with the transmission speed of R( fl.) j2k 
cells /sec) according to the formulas (1) and (2) and pick one of them. Let k := k+l. 
end; 0 

BPA allocates the channel found in Step 1 to the request, if the while loop in Step 2 is 
executed 0 times ; otherwise, it allocates the channel picked in Step 2. Fig. 1 depicts the 
result of applying BPA to three requests for bandwidths of R(fl.)/8, R(fl.)/4 and R(fl.)/4, 
respectively. 

Comments: 

1. Let fl. and fl.' be two links meeting at a node with bandwidths 2-h(£) Ro and 2-h(£') R0 , 

respectively, where h(fl.')?. h(C) . Then for an arbitrarily chosen channel for£' , BPA 
always finds a channel of C with the same speed, provided there is enough unallocated 
bandwidth left on C. Thus, we can establish a global logical channel out of local 
logical channels of the same bandwidth . 

2. For a high-speed network, the switching (at the intermediate nodes) of cells be
longing to the same connection would be implemented by hardware. The subscript 
a of the allocated channel C"' can be used as the control input to this switching 
hardware. 

3. BPA has some resemblance to the "buddy system" of main memory allocation used 
in some operating systems. Therefore, the book-keeping of allocated and unallo
cated logical channels can be done in a similar way. For example, if two logical 
channels cd,dz· ··d.,_,o and cd,dz···d.,..,1 are released, then they should be combined into 
one logical chann el, Cd,dz···d.,_, , for future allocation . Also, the unallocated logical 
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channels can be kept track of by placing them in different lists depending on their 
bandwidth. 

Advantages: 

1. Little buffer space is required (see Table 1) at each network node along the connec
tion. 

2. Scheduling at each network node is very simple. (See Comment 2 above.) 
3. The cells on different connections do not interfere with each other, so that no con

gestion will result. 

4. The unused bandwidth is always in the form of cell slots which are uniformly dis
tributed over time. Thus, periodic cell slots can be allocated to future requests. 

5. Unlike the other schemes discussed in Section 1, a connection with an arbitrarily 
low rate can be established without causing any wasted bandwidth. 

6. Two types of synchronized media, e.g., voice and video, could be transmitted using 
two separate virtual channels in the same virtual path in an ATM network. The 
voice and video cells to be synchronized with each other arrive at the client within 
a fixed time bound. 

Disadvantages: 

1. Unallocated bandwidth may become fragmented. Thus, no single unallocated chan
nel may be able to satisfy a new request, even though there is still enough unallo
cated bandwidth. Unlike memory allocation, however, fragmented bandwidth need 
not lead to waste. Two or more unallocated channels whose total bandwidth is not 
less than the required bandwidth can be allocated to satisfy a request. 

2. Dedicating a fixed amount of bandwidth is wasteful for bursty real-time data trans
mission. This problem can be mitigated to a certain degree by the following ap
proach, which we call delayed forwarding. (See Fig. 2. In the figure, the channel 
designators, a and a', have the same length, so that c; and c~, have the same 
speed.) When cells belonging to a connection arrive on an input link of a network 
node, the node holds each cell for a fixed interval of time before forwarding it on 
the output link for the connection. This will enable the node to discover the unused 
cell slots and use them for other traffic. This approach works, of course, provided 
this delay is acceptable for the application. 

3. The requested bandwidth R may not be equal to R(£)j2k for any integer k, so that 
a part of the allocated bandwidth ( R( £) /2k- R) is wasted. This problem can be 
overcome by one of the following two methods: (i) Instead of allocating R(£)/2k to 
the request, allocate a set of channels including one with bandwidth R(£)j2ht1 and 
some others with smaller bandwidths such that the total bandwidth is very close to 
R. (ii) Delayed forwarding discussed above. 

The cell slots belonging to unallocated channels should be used for other delay
insensitive or loss-insensitive data.. 



A guaranteed-rate channel allocation scheme 267 

Current time 
I 

Input channel : 
c~ --tl..!:i-..!..1_...,, ~i'll!'~.,:i+""'I~i+.!..!2:::.;.i-+1:.:.·+~3~~i+4.:.::........,·-·"''l!·~~· r--+-

outputchann.eel~,-~--~--~~~~~~----~~~~~--------~~~~--
l' i i+l . ·i·. i+k i+k+l ~--, ,,~ 

Crt ' A vailabl~ for other cells 

Figure 2: Delayed forwarding. 

4. DELIVERY-ON-DEMAND OF UNCOMPRESSED DATA 
Let f (cells) be the playback-frame size, F (cells) be the size of a multimedia file 

to be played back, Rc (cells/sec) be the consumption rate of the client's playback unit, 
and B (cells) be the buffer size available at the client site. In this section, given these 
parameters, we derive the minimum transfer rate, R'('in, and maximum transfer rate, 
R'('ax, for uncompressed data. Any transfer rate R1, satisfying R'('in S R1 S R'('ax, can 
be used without causing buffer overflow or underflow. To avoid the discussion of trivial 
cases, we assume that F>B. 

4.1 Range for Feasible Transfer Rate 
Although the problem is to determine the range for feasible R1 for given B, F, and 

Rc, we first turn the problem around, and try to establish a lower bound on B for a given 
R1. Since the interval time between two successive cells is the same on a given connection 
based on Binary Preallocation (see Section 3), to simplify analysis, we assume that the 
buffer fills with arriving cells as a linear function of time. (If the solution (i) suggested to 
solve Disadvantage 3 is used, this assumption does not hold and, therefore, the analysis 
must be slightly modified.) 

Immediately after a frame is played back, the next frame should be available. This 
requires that B 2': 2f. We consider the two cases, R 1 < Rc and R 1 2': Rc, separately. 

1. Rt<Rc: 
To prevent buffer underflow, suppose we buffer as much data as possible before play

back begins. Fig. 3 shows the number of cells in the buffer as a function of time. A 
played back frame is shown as being instantaneously consumed. Playback should start 
when there is only f Rtf Rc (cells) of free space left in the minimum-sized buffer. Thus, 
when the first frame has been played back, which takes f / Rc (sec), the buffer will be full 
except for one frame worth of free space, which has just been emptied. At this moment, 
the F -B remaining cells of the file are yet to be transmitted. The transmission of these 
cells must complete before the playback of the last frame of the file can start. We thus 
obtain 

F-2! F-B --->--
Rc - Rt . (4) 

Let Bmin denote the minimum possible value of B, which is a function of Rt/ Rc. From 
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····· ..... 
Transmission starts 
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. .......... .... 
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! (F - 2!)/Rc i 
!"···· ..................... ., -~)ayback ends 

···... Time 
Transmission ends 

Playback oflast frame starts 

Figure 3: Buffered cells vs. time when Rt < Rc. 

( 4) we can derive 

Bminlf = Fl 1- (F/ 1- 2) ~:-
2. Rt::O:Rc: 

(5) 

Since data arrive faster than they can be played back, we start playback as soon as a 

frame is available in the buffer. To analyze the buffer overflow problem, we consider two 

cases: 

a) Transmission of the F-1 remaining cells of the file takes longer than the playback 

of the first frame, i.e., f I Rc < (F- f)/ Rt. (Fig. 4.) 

b) Transmission of the remaining cells completes before the playback of the first frame 

finishes, i.e., f I Rc ::0: ( F- f)/ Rt. 

In the case b), we clearly need B ::0: F, which is the uninteresting case that we ruled 

out earlier. Therefore, in the rest of this section, we consider only case a), assuming that 

1 I R < (F- f)/ Rt. In Fig. 4, transmission begins at time A, while playback starts at 

timeS. The length of the line segment QS, denoted by QS, is J, i.e., the amount of the 

prefetched data at the time playback starts, and 1'-1 D is the amount of data in the buffer 
when transmission completes at time D. OC is the amount of data in the buffer at the 

time frame l (the last frame that finishes its playback no later than the time transmission 

completes) has just been played back. If 1'-1 D > OC, as shown in Fig. 4, the maximum 
buffer space requirement occurs at time D. However, if MD< OC, the buffer contains 

more data at time C than at time D. Based on the above observations, we can derive 
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Figure 4: Buffered cells vs. time when R1 > Rc, f / Rc < (F- f)/ R1 and f S F- f
l(F-f)Rc/fRtJ fRt/Rc. 

the lower bound on Bas max{MD,OC}, which can be broken down as in (6), which is 
more general than is necessary here: (We will need this general form in Section 5.) 

B > space for the prefetched data before playback starts 

+space for data buffered between time S and time C 
-space for data consumed between time S and time C 
if the amount of data in frame l is less than the amount of data buffered after 

the playback of frame l finishes, 

+space for data buffered after the playback of frame l finishes 

else 

+ space for frame l. (6) 

Note that l((F- f)/R 1)/(f/Rc)J is the number of frames which have been played back 
before transmission ends. From (6), we obtain 

l
F-J Rcj (Rt ) { lF-f Rcj fRt} B?_f+ --·- f --1 +max j,F-f- --·-- , 
Rtf Rc Rt !Rc 

(7) 

which can be rewritten as 

J ?_ 1 + l ( J -1) ~: J ( ~: - 1) + max { 1, J -1 -l ( J -1) ~: J ~: } . ( 8) 

(8) involves only "normalized" parameters, B / j, F / f and Rt/ Rc. Both (5) and (8) yield 
Bmin = 2/ at R 1 = Rc. The interpretation of this is, of course, that when R1 = Rc, we 
need only two frames worth of buffer, regardless of the file size F; f for buffering the 
arriving data and f for playback. 
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Figure 5: Bmin/ f vs. Rt/ Rc. (Maple was used to draw this figure.) 

Example 1: Based on (5) and (8), Fig. 5 illustrates the relationship between the (normal
ized) minimum required buffer size, Bmin/ J, and the (normalized) transfer rate, Rtf Rc, 
for F/.f = 25. When Rt/Rc:::: 1, in some ranges the buffer space requirement remains 
constant while the ratio Rt/ Rc increases. The flat segments correspond to the case il
lustrated in Fig. 4, i.e., where f S: F- .f -l(F- f)Rc/ f RtJ f Rt/ Rc, so that (8) yields 
Bmin/f=F/f+l(F/f-l)Rc/RtJ. o 

In practice, B / f (:::: 2) is a given constant, and we want to select a suitable transfer 
rate, Rt. In terms of a graph like Fig. 4, one can draw a horizontal line Bmin/ f = b, 
where bf is the available buffer size. In the cases of interest, this line intersects the curve 
at two points. The left and right intersections yield R'('in / Rc and R'('ax / Rc, respectively. 
Any transfer rate, Rt such that R'('in ::; Rt ::; R';'ax, can be used without causing buffer 
overflow or underflow. 

4.2 Local Channel Allocation 
In this subsection, we discuss how to select the transfer rate, R~o within the range 

derived in the previous subsection. Recall that Binary Preallocation presented in Section 
3 allocates a channel with bandwidth of the form 2-k R(i!) (cells/sec), in which k is an 
integer and R(i!) (cells/sec) is the total bandwidth of link£. Therefore, if there is an 
integer k satisfying 

(9) 

then a channel of bandwidth 2-k R(i!) can be allocated to this request, provided there is 
still enough unallocated bandwidth for the link. If there is one or more choices for k, any 
one can be chosen. However, if there is no integer k satisfying (9), then we should choose 
the smallest k such that 2-k R(i!) > R'('in, and set R1 = 2-k R(i!). In this case, some slots 
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in the allocated connection will go unused. (See the discussion about Disadvantage 3 at 
the end of the previous section.) 

Note that when we select a transfer rate during the channel establishment phase, we 
need only reserve a bandwidth of size 2-k R( f), instead of a particular channel, Gc" of 
bandwidth 2-k R(f), until it's been determined that a connection of bandwidth 2-k R(f) 
is feasible. 

4.3 Global Channel Allocation 
As stated in Section 2, in order to establish a connection (or a global logical channel), 

we need to use a routing algorithm and an admission test at each node visited. Clearly, 
a fast routing algorithm is very important. However, we shall not specifically discuss 
this topic in this paper, referring the reader, instead, to references on known routing 
algorithms [1, 17). 

We only comment on the possible resource contentions in the channel establishment 
phase. The network may be routing several requests simultaneously, each reserving some 
resources at the visited nodes. We abort a request (or divert it to another route) if 
required resources are not available at a node, so that no deadlock is possible. 

5. DELIVERY-ON-DEMAND OF COMPRESSED DATA 
In the case of compressed data, different playback-frames may consist of different 

numbers of cells, but the frame consumption rate, Rfc (frames/sec), is still constant. We 
assume that for every file, the minimum and maximum frame sizes, fmin (cells) and fmax 
(cells), respectively, are known, where fmax > fmin, in addition to the other parameters, 
i.e., F, B, and N (the number of cells in the file). 

Thus, the maximum consumption rate is given by 

Rr;'ax = fmaxRfc (cells/sec), 

and the minimum consumption rate is given by 

Rr;'in = fminRfc (cells/sec). 

To avoid the discussion of trivial cases, we assume that F > B and N > 2. 

5.1 Buffer Underflow and Overflow 
If Rt S:: R';'in, then, clearly, there is no danger of buffer overflow. Similarly, if Rt 2:: R';'ax, 

then there is no danger of buffer underflow. So, we need to address the buffer underflow 
problem only when R 1 < R';'ax, and the buffer overflow problem only when Rt > R';'in. 
Given a particular file, let S be the set of its frames, whose sizes range from fmin to 
fmax· Consider now the family of all files whose set of frames coincides with S. These 
files differ from each other in the sequence in which different frames appear in it. It turns 
out that a particular sequence gives rise to a more severe buffer under flow or overflow 
problem than others. For example, if the frames appear in the decreasing order in their 
sizes, then we need more buffer space than otherwise, in order to prevent buffer underflow. 
Intuitively, this is because, once playback is started, the buffer is more quickly emptied. 
Consider two files, :F1 and :F2, which are the same except that, in :F1, frame a of size fa 
is followed immediately by frame b of size h (<fa), whereas, in :F2, the order is reversed. 
Suppose playback starts for both files at the same time. It is not difficult to see that, if 
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Buffer underflow largest frames first 
Buffer overflow smallest frames first 

Table 2: Problems for compressed data 

buffer underflow occurs for F 2 at the time the playback of frame b has just completed, 
then buffer underflow occurs for F1 as well at the time the playback of frame a has just 
completed. In other words, F 1 is no better than F 2 , as far as preventing buffer underflow 
is concerned. 

Above, we considered only those files which share the set S. Since, in our model, 
the only information we have about a file is its parameters, F, N, fmax, and fmin, we 
don't know what S is. The worst S, as far as preventing buffer underflow is concerned, 
consists of as many frames of size !max as possible, and these frames all appear in the 
beginning of the file. Let Nmax be the maximum number of frames of size !max· We have 
Nmax!max+(N- Nmax)fmin <5:. F, or Nmax = L(F- fminN)/Umax- fmin)J. We can similarly 
show that the maximum number, Nmin, of frames with size fmin can be expressed as 
Nmin = LUmaxN -F)/(Jmax- fmin)J. Table 2 summarizes the worst case for buffer space 
requirement. 

5.2 Bounds on Transfer Rate 
As in the case of uncompressed data, immediately after a frame is played back, the 

next fra.me should be available. This requires that B 2: 2fmax· 
We divide the range of Rt into three parts: 

(1) Region A: Rt<5:.R';in (only buffer underflow is possible). 

(2) Region B: R';in < Rt < R';ax (both buffer underflow and overflow are possible). 

(3) Region C: Rt2:R';ax (only buffer overflow is possible). 

Below, we present the minimum buffer space required, Bmin, as a function of Rt. For 
the derivation of those results, the reader is referred to (18]. 

(1) Region A (Rt<5:.R';in): 

N-2 
Bmin = F- ---Rt. 

Rjc 
(10) 

Let R'('in = Rtc(F-B)/(N -2). If R'('in >Rr;'in (i.e., (F-B)/(N -2) > fmin), there is no 
feasible transfer rate in Region A. Otherwise, we can select any Rt such that R'('in <5:_ Rt <5:_ 

Rr;'in. (See Region A in Fig. 6 for an example of (10).) 

(2) Region B (R';'in < Rt < Rr;'a"'): Let 
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Figure 6: Bmin/fmin vs. Rt/R:;'in. (Maple was used to draw this figure.) 

lF - Dpref J ( Rt ) 
Dprej + Rt Rfc Rtc - fmin 

{j F lF - Dpr•f J Rt } 
+max min, - Dpref - Rt Rfc Rfc . (12) 

b) When Nmin- Nmax + 2::; 0 and R:;'in < Rt < R';'ax, or when Nmin- Nmax + 2 > 0 and 
Rmin < R <min {Rmax R }: 

c - t_ c ' t 

(13) 

(3) Region C (Rt?. R:;'ax): 

a) When Rt?.max{Rt,R';'ax}: 

lF - fmax J ( Rt ) 
fmax + Rt Rfc Rjc - fmin 

{ lF - fmax J Rt } 
+max fmin, F- fmax- Rt Rfc Rjc . (14) 
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lF- !max J ( Rt ) fmax + Nmin (!max - fmin) + Rt Rfc Rjc 

{ 
T lF - fmax J Rt } +max !max, F- !max+ l'vminfmin- Rt Rjc Rfc · (15) 

Example 2: Fig. 6 illustrates the relationship between Bmin/ !min and Rt/ Rr;'in. (Since Rc 
is variable for compressed data, we normalize R 1 with respect to Rr;'in.) The parameters 
used are F = 250 (cells), Nmax = 6 and Nmin = 13, !max = 20 (cells), and fmin = 10 
(cells). For these data, we have R1 = 13/9 and R1 = 23/13. From Fig. 6, one can see 
that Region B (Rr;'in < R 1 < R'(wx) has two subregions, corresponding to case a) and case 
b), respectively. These two subregions meet when R 1 = R1• Since R1 < Rr;ax for the 
specific values used in this example, only case a) is possible in Region C. If R1 > Rr;ax, 
there would be two subregions. We can also see that the minimum buffer space is required 
when R 1 = Rr;'in. For any fixed Bmin larger than this minimum, a range of transfer rates, 
[R'('in ,R;nax], is feasible. D 

6. CONCLUSION 
We have presented a new channel allocation scheme for ATM-based networks, which 

has several important advantages over the currently known schemes. The most important 
advantage is that it will be able to satisfy the requirements of many real-time applications. 
We then discussed the delivery-on-demand of pre-recorded, continuous media data as a 
possible application of this scheme. 

Although we assumed in our analysis that the buffer space available at the client site, 
B, was smaller than the file size, F, it is, of course, possible in practice that B :0:: F. If 
so, then there is no restriction on the transfer rate, R 1• However, even in this case, our 
analysis is still useful in providing us with the minimum playback starting time, since 
minimizing the required buffer space also minimizes the playback starting time [6]. 

We are still in an early stage of investigation, and a lot of detail needs to be worked 
out. One such detail is the hardware implementation of the switches at network nodes. 
We are also currently investigating practical ways of allocating several subchannels of a 
link to a connection (see the discussion on Disadvantage 1 in Section 3). 
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