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Abstract— Broadcast scheduling is an important problem that has been an active research topic for nearly
two decades. Virtually all known results on broadcast
scheduling, however, have assumed that the broadcast
channels are reliable without data corruption or loss,
which is certainly far from reality. In fact, data loss
imposes severe impacts on broadcast performance, namely,
greatly increasing the overall time that receivers need to
receive their desired data items, as briefly shown in [9].
In this paper, we study how to systematically derive
optimal schedules for random-loss broadcast channels with
any given data loss probability. The key idea is to employ
proper MDS (Maximum Distance Separable) codes, a class
of error correcting codes, in the schedules. We provide
a unified framework for analyzing the performance of a
broadcast schedule, based on which the optimal schedule
can be derived to minimize a schedule’s expected delivery
time averaged over all the receivers and the data items.
We also show the robustness of the optimal schedule,
whose performance degrades only slightly even when the
channel changes significantly from its target random loss
probability.

I. I NTRODUCTION
The increasing deployment of wireless networks, in
both local and wide areas, together with various personal
communication devices, from mobile phone to PDAs,
even to watch (such as the one being developed by
Microsoft), has made ubiquitous information access possible. The inherent broadcast nature of wireless channels
calls for more efficient and effective information delivery
schemes other than traditional request-and-transmit type
unicast approaches. In many applications, broadcast is
much more efficient to disseminate popular information,
such as news, weather, traffic, market and entertainment
information, to a large group of users. Broadcast is also
an effective means for certain wired networks, such as
residential cable networks and institutional local area
networks.
For a set of popular data items (simply items hereafter)
and a group of receivers, a broadcast schedule (schedule
hereafter) decides which item to broadcast and when.
The performance of individual schedule is usually measured by the average time to deliver the items to their

desired receivers. Finding the optimal schedules, which
minimize this average delivery time, has been drawing
active research efforts for nearly two decades [4], [5],
[18], [14], [10], [7], [8], [9], [1], [2], [6], [11], [15],
[16], [12], [3], [17].
Among volumes of previous works, Ammar and
Wong [4], [5] proved that, for optimal broadcast scheduling, each item should appear cyclically and be equally
spaced. Vaidya and Hameed [14], [10] showed that the
optimal broadcast frequency of an item is a function of
the item length and the demand probability. As significant these results are, they were all based on a common
assumption, namely, items are not separable. The nonseparability has an implication that a receiver simply
discards a partial item if it does not start receiving from
the beginning of it. From the perspective of real system
practice, however, items are always broadcast in the form
of network packets (or frames). And thus it is natural to
see that the delivery time can be reduced with the usage
of receiver buffer, which has certainly become accessible
due to the hardware advances in wireless devices. Foltz
and Bruck [7], [8] explored this direction and derived
the optimal schedules, when items are splitted into two
halves. In this paper, we pursue this direction further
and consider packet as the basic unit in scheduling,
which allows more flexibility and also provides more
generalized results.
Even more importantly, errors in any communication
channels are unavoidable, and broadcast channels are no
exception. In fact, wireless channels tend to have more
errors than wired channels. Errors usually occur in the
form of data loss, since corrupted data can be masked
as data loss by various layers in a communication
system. Data loss imposes severe impacts on broadcast
performance, as briefly shown in [9]. However, most
existing schedules, except only a few [14], [10], [9],
assume the broadcast channels are reliable and no data
loss occurs during transmission. In [14], [10], Error
Correction Codes (ECC) are applied to combat data loss
and a receiver discards an entire corrupted data block
if it can’t be fully recovered. As we will show in this
paper, surviving blocks of corrupted data can still con-
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tribute to the recovery of original items and significantly
reduce the delivery time when proper coding schemes
are employed. To the best of our knowledge, [9] first
introduced MDS codes in scheduling and demonstrated
its effectiveness in reducing the delivery time when data
loss happens. However, its channel model and thus the
analysis, which assumes single loss in any reception period, is over simplified. In this paper, we extend this idea
and present a unified analysis framework for random-loss
channels with any given loss probability. Based on our
analysis, we then show how to systematically derive the
optimal schedules.
Our contributions in this paper are four folds. First,
we prove that optimal broadcast scheduling can be
achieved using MDS codes. Second, we provide a unified
framework to analyze the scheduling performance. A
very useful property is shown to greatly simplify and
facilitate numerically finding the optimal schedule, given
a channel loss probability. Third, we show the robustness
of the optimal schedule, whose performance degrades
only slightly even when the channel changes significantly
from its target loss probability. Finally, we show that
using packet as the basic unit improves scheduling
performance than previous schemes that do not separate
items or merely split them into halves. The improvement
is especially prominent when data loss presents.
The paper is structured as follows: Sec II presents an
MDS code based scheduling scheme for loss resilient
broadcast. Then a unified analysis framework is derived
for a simplified scenario. The robustness of the optimal
schedule is then demonstrated. Sec III extends the analysis to a more general scenario. And the improvement
of scheduling using packet as the basic unit is also
presented. Sec IV concludes the paper.
II. O PTIMAL S CHEDULING

WITH

C ODING

A. Broadcast Scheduling Model
We first describe a suitable model for the broadcast
scheduling problem. The broadcast channel has simple
random data loss, where each data packet has an identical yet independent loss probability p. In this paper, we
focus on periodic schedules. As already shown in [4],
[5], the optimal broadcast schedules (for lossless channels) are periodic. Thus a schedule can be represented by
one of its periods. We use a simple notation to represent
a schedule, where ’I’ means to send the first data item,
and ’II’ means to send the second data item. ( In this
paper, we limit our discussion to two data items, although
general principles and framework to be discussed apply
to scheduling for more data items. ) Each data item has
k data packets. For example, the schedule I1 II3 refers

to alternately sending 1 packet of data item I, followed
by 3 packets of data item II in one period. Again,
for simplicity, this paper only discusses schedules with
the form Ii IIj , where i and j are nonnegative integers.
Finally, we normalize data size and channel bandwidth,
and thus data delivery time.
For a given schedule, we use the Expected Delivery
Time (EDT) to measure its performance, which is defined
to be the expected time receivers need for their desired
items to deliver to them, averaged over all the receivers
and the data items. We assume receivers start waiting
for data items at times that are uniformly distributed
over a broadcast schedule period. ( It is not hard to
generalize related results in this paper to non-uniform
receiver arrival times. ) The delivery time of a data item
includes two parts, the waiting time and the transmission
time. The waiting time is the time a receiver needs to wait
while its wanted item is not being sent over the channel.
The transmission time is the one the receiver needs to
finish receiving its desired item from the channel while
it is being sent. At last, each data item has a demand
probability associated with it, i.e., item I is demanded
by a probability pI , and item II by a probability pII ,
where pI + pII = 1.
The following example explains the EDT calculation
of a schedule of two items. The two items both have
the same normalized size 1 with k packets. There is no
data loss in the broadcast channel.
Example 1: EDT of Schedule Ik IIk
If a receiver wants item I, the delivery time will be 2 if it
starts listening during the broadcast of item I. It simply
receives item I starting somewhere in the middle, waits
1 time unit while item II is being transmitted, and then
receives the rest of item I, for a total delivery time of
2. If the receiver starts listening during the broadcast of
item II, it waits through the remainder of item II, and
then receives item I, for a total delivery time between 1
and 2, depending on the initial listening time. Thus the
average delivery time TI for item I is the average of 2
and 23 (the average of the values between 1 and 2), i.e.,
TI = 47 . The analysis for a receiver wanting item II is
similar, and TII = 74 . Then EDT = pI TI + pII TII = 74
2
B. Broadcast Using MDS Codes
An (n, k ) error correcting code encodes k message
packets to n codeword packets, where of course n ≥ k .
Such a code can usually tolerate date loss of r packets
during transmission, where obviously r ≤ n − k . Its
coding rate, defined as k/n, decides its effective use of
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network bandwidth. On the other hand, r determines the
code’s loss recovery capability. It is easy to see the larger
r is, the more capable the code is in loss recovery, but the
lower its coding rate is, i.e., the less effective it consumes
network bandwidth. When r = n − k , the code meets
the Singleton Bound, and it is MDS (Maximum Distance
Separable) [13]. An MDS code is optimal in terms of its
data loss recovery capability with a given coding rate.
Another way of interpreting the MDS property is that the
entire original k message packets can be fully recovered
from any k codeword packets.
As shown in [9], a schedule employing a proper MDS
code can drastically reduce its EDT . The key idea is to
encode a k -packet data item to an n-packet MDS code
codeword. Then the codeword packets are sequentially
used to replace the original data item in the schedule
periods. In the event of data losses, any codeword packet
can contribute to the recovery of original data item.
When the codeword length n is sufficiently large so that a
receiver can receive at least k different codeword packets
in a single reception period, the desired original data item
can be easily recovered after any k codeword packets are
received. See the details in [9].
A natural question then is: is MDS code a best coding
scheme for scheduling? We give an affirmative answer
by proving the following theorem:
Theorem 1: For any fixed schedule, broadcast using
MDS codes requires the minimum delivery time among
all possible coding schemes.
Proof: For a fixed schedule, suppose a receiver
completes reception with delivery time d after receiving
l packets of its interested item. Then, l ≥ k must satisfy
no matter what coding scheme is used. For the same
loss pattern, if MDS codes are applied, then l = k and
the delivery time must be no greater than d. Therefore,
broadcast using MDS codes requires the minimum
delivery time and is thus optimal. 2

C. Optimal Broadcast Scheduling with the CODING
Scheme
We first focus on a simplified scenario by assuming
the demand probabilities pI = pII = 1/2. Then, it
is conceivable that the optimal schedule with the form
Ii IIj satisfies i = j because of the symmetry between
items I and II. A (wn, k ) MDS code is applied to
each item such that wn codeword packets are generated
from the original k message packets. Then, the first n
codeword packets of item I are broadcast, followed by
the first n codeword packets of item II. This completes
the first broadcast period. The second period broadcasts
the second n codeword packets of item I and item
II, respectively, and so on. The entire schedule repeats
after completing all the wn codeword packets of the
both items. w is chosen to be big enough such that a
single reception does not last more than wn packets.
Then, a data item can be successfully recovered if any k
codeword packets of this item are received. This defines
a schedule, based on MDS code. The schedule has the
form of In IIn and independent of w.
A natural question then is: for a fixed item size k ,
what is the optimal value for the block length n, given
the channel loss probability p, so that the corresponding
EDT is minimized?
Let the EDT of item I and II be EDT (I) and
EDT (II), respectively. Since EDT (I) = EDT (II)
and pI = pII = 21 , then
EDT = pI EDT (I) + pII EDT (II) = EDT (I) (1)

thus it is sufficient to focus on data item I for our
analysis.
For analysis simplicity, assume a receiver starts listening at the beginning of each packet. (This changes
the delivery time at most by the transmission time of
one packet and is thus negligible when k is sufficiently
large.) If the receiver starts at the ith packet of an item
I block, and finishes at the j th packet of another item
I block, with m item II blocks in between. The total
number of packets (including both items) is
N = 2mn + j − (i − 1)

There are two direct conclusions from Theorem 1.
First, the optimal broadcast schedule can be found
among schedules using MDS coding scheme (which is
referred to as CODING hereafter). Second, broadcasting
message packets directly (referred to as NO CODING
hereafter) can be regarded as using a special coding
scheme, a (k, k ) code, and is worse than the CODING
scheme. However, it is still of interest to quantitatively
compare the performances of the two schedules to justify
the computation overhead of the CODING scheme.

among them M are item I packets, where
M = N − mn = mn + j + 1 − i

where 1 ≤ i, j ≤ n, m ≥ 0 with the constraint M ≥ k .
Thus the normalized delivery time for item I is N/k .
Among the N packets, the loss patten of item II
packets is irrelevant, since the receiver is only interested
in item I. Then among the M item I packets, exactly
k of them are received while all the others are lost
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(j,m):M ≥k

Denote dtI (I) as the average delivery time when the
receiver starts listening from item I packets, then
n

1X
dtI (i)
n

dtI (I) =

i=1

Similarly, denote dtI (II) as the average delivery time
when the receiver starts listening from item II packets.
We have
n
dtI (II) = dtI (1) +
2k
Since the receiver has equal chance to start with item
I or item II packets,

1
(2)
EDT (I) = dtI (I) + dtI (II)
2

n
1
= dtI (I) + dt(1) +
(3)
2
4k
which can be simplified by applying the following
results.

2.8

EDT
dtI(1)

2.6
normalized time

during the broadcast. Also note the last item I packet
must be received. Thus the probability of this event is
M −1 M −k
(1 − p)k .
k−1 p
Let dtI (i) be the normalized average delivery time
when the receiver starts listening from the ith packet of
item I, then
X N M − 1 
dtI (i) =
pM −k (1 − p)k
k k−1
(j,m):M ≥k
 
X
N M M −k
=
p
(1 − p)k
M k

2.4
2.2
2
1.8
1.6
1.4
1.2
1
0

0.5

1
1.5
2
2.5
n (x100)
Fig. 1. Normalized Time vs. Schedule (message size k = 100 and
channel loss probability p = 0.1),

Using (5), (4) and (3), it is easy to numerically compute EDT for different n and find the optimal schedule.
Figure 1 shows the EDT s of different schedules with the
message size k = 100 and the channel loss probability
1
p = 0.1. We can see that dt(1) converges to 1−p
when n
is sufficiently larger than k . This is true from (6), where
the later two terms cancel out when n is large enough to
make (1 − pn ) approach 1. Also intuitively, with a large
block length n, a receiver starting at the first packet of
item I block should always complete receiving k packets
in current block. Then, the expected number of total
k
1
packets is 1−p
( 1−p
after normalization) and independent
n
of n. Thus, when n is large, EDT is dominated by 4k
,
the second term of dtI (II), and grows almost linearly
and unbounded. Therefore, we find the optimal schedule
by numerically computing only EDT s of limited n. In
this case, the schedule is optimal when n = 120.

Theorem 2: dtI (I) is independent of n and satisfies:
dtI (I) =

Proof: see the appendix. 2

D. Broadcast Scheduling with the NO CODING scheme

1
2
−
1−p k

(4)

Since the schedule is completely determined by n, this
theorem shows that dtI (I) is independent of it. Although
not intuitive, this property is very useful in simplifying
the calculation of EDT .
Thus far, the only complex term left in EDT is
dtI (1), which can also be simplified as (see appendix
for details):
dtI (1)


∞ X
n
X
2
j mn + j − 1 mn+j−k
=
−
p
(1 − p)k
1−p
k
k−1
m=0 j=1

(5)

=

p)k

1
n (1 −
− +
1−p k
k!

dk−1

n
dpk−1 (1 − p)(1 − pn )




(6)

The analysis of EDT with the NO CODING scheme
is briefly presented here for the purpose of comparison
with the CODING scheme. The same notations for i,
m, j , M and N are used. Also let M = qk + r (q ≥ 0,
0 < r ≤ n), where q and r represent special quotient and
remainder. Note that the range of r suggests this representation is slightly different from normal division. It is
clear that there are q + 1 opportunities to deliver the last
packet of item I, which must have been delivered ONLY
ONCE. This happens with a probability of pq (1 − p).
There are r−1 packets which have been delivered as least
once among q + 1 opportunities, each with a probability
of 1 − pq+1 . Similarly, the rest k − r packets have been
delivered at least once among q opportunities, each with
a probability of 1 − pq . Thus the overall probability of
this event is
P r = pq (1 − p)(1 − pq+1 )r−1 (1 − pq )k−r
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(j,m):M ≥k

X

=

(j,m):M ≥k

N q
p (1 − p)(1 − pq+1 )r−1 (1 − pq )k−r
k

With the overall EDT computed from (1) and (3), the
optimal schedule can then be obtained numerically.
E. Optimality of the CODING Scheme
Now we compare the performance of the CODING
and the NO CODING schemes. Figure 2 shows EDTs
for various message sizes k over a channel with a random
loss probability p = 0.01. It is clear that the gain of using
MDS codes is significant, compared to schedules without
any coding scheme. Two other performance curves are
also presented for n = k . With this simple schedule
choice, however, EDT deviates greatly from the optimal
values even when the CODING scheme is applied. This
demonstrates the importance of choosing a proper n for
a schedule.
NO CODING (n = k)
NO CODING (optimal)
CODING (n = k)
CODING (optimal)

normalized time (EDT)

4
3.5

5
4.5

NO CODING (n = 300)
NO CODING (optimal)
CODING (n = 120)
CODING (optimal)

4
3.5
3
2.5
2
1.5
0.001

Fig. 3.

0.01
loss probability

0.1

EDT vs. Loss Probability (message size k = 100)
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2.5

FOR

U NEQUAL

2
1.5
0

Fig. 2.
0.01)

the CODING scheme and n = 300 with the NO CODING scheme. Figure 3 shows the performance of both
schedules under various loss probabilities. It is clear that
performance of the schedules with the CODING scheme
degrades only slightly for a wide range of channel conditions. In another word, the schedule with n = 120 is
nearly optimal for virtually all loss probabilities less than
0.1. Scheduling with the NO CODING scheme, however,
is significantly affected when the channel loss probability
changes. The robustness property again shows the benefit
of using MDS codes in scheduling.

normalized time (EDT)

And dtI (i) can be calculated as
X N
dtI (i) =
Pr
k

100 200 300 400 500 600 700 800 900 1000
k

EDT vs. Message Packet Number (Loss Probability p =

F. Robustness of the Optimal Schedules
Broadcast channels usually have significant variations.
Even when the broadcast environment is relatively stable,
the reception quality of individual receivers is still likely
to vary. To tolerate these dynamics, a common practice
of system design is to target at the worst conditions.
Similarly, we design the optimal schedule with the worst
channel loss probability and evaluate its performance
when actual channel characteristics are different.
Let the worst channel loss probability p = 0.1, which
is truly an adversary value and rarely happens in a normal wired or even wireless network. Given the message
size k = 100, the optimal schedule is n = 120 with

In the previous section, we simplify the analysis by
assuming equal demand probabilities for the both items
I and II. In this section, the analysis is extended to
a more general situation when pI 6= pII . Let nI and
nII denote the codeword block length for items I and
II, respectively. Note here the original items still have
the same size k . But now two different MDS codes
( a (wnI , k ) code and a (wnII , k ) code ) are applied
to the items. In general, nI 6= nII . We then consider
the schedule is InI IInII . Define the block length ratio
ρ = nII /nI , then a result similar to Theorem 2 can be
derived:
Theorem 3: dtI (I) is dependent only on ρ and satisfies:
dtI (I) =

Proof: see the appendix. 2

1+ρ ρ
−
1−p k
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Also, we can get dtI (1) (see appendix for details) as
dtI (1)


nI 
∞ X
X
mnI + mnII + j mnI + j − 1
=
k−1
k
m=0 j=1

× pmnI +j−k (1 − p)k
=


1
ρnI
ρ(1 − p)k dk−1 
nI
−
+
1−p
k
k!
pk−1 (1 − p)(1 − pnI )

It is easy to verify that when the block lengths are equal
(ρ = 1), dtI (I) and dtI (1) reduce to simpler forms in the
previous section. The EDT (I) can then be computed:
ρ 
nII 
1
dtI (I) +
dtI (1) +
(7)
EDT (I) =
1+ρ
1+ρ
2k
We can get dtII (I), dtII (1) and EDT (II) in a similar
way. And
EDT = pI EDT (I) + pII EDT (II)

(8)

Therefore, given the message block length k , the
broadcast channel loss probability p and the demand
probabilities pI , pII , the optimal schedule (nI and nII )
can be derived numerically.
In the remaining part of this section, we apply this
extended analysis framework to two special cases. One
considers lossless broadcast channels. In addition to
verifying the previous results in [7], [9], we show that
our results cover more general situations. The other
examines random-loss channels and shows it is much
more important to employ optimal schedules for such
channels.
A. Case I: Does splitting help for lossless broadcast
channels?
When the broadcast channels are lossless, the scheduling problem reduces to a simpler version, which has
been addressed by previous works. [9] presents an optimal schedule when data items are non-separable (no
splitting). And [7] derives the optimal schedule when
each data item is splitted into two halves (half splitting).
Our optimal schedule, however, splits items into multiple
packets (arbitrary splitting) and uses packet as the basic
scheduling unit. It is easy to see that the no splitting
and half splitting are just special cases of the arbitrary
splitting for scheduling.
We can further simplify EDT expression for lossless
channels. Since there is no data loss at all, it is intuitive
that the CODING scheme and the NO CODING scheme
require the same delivery time. Thus, it is unnecessary to
apply MDS codes. It is sufficient to broadcast the original

message packets directly. However, it is useful to notice
that the EDT analysis with the CODING scheme gives
exactly the same result as the NO CODING scheme for
this special case. Therefore, the results of dtI (I) and
dtI (1) as derived can be directly applied here.
When the loss probability p = 0, from Theorem 3:
ρ
dtI (I) = (1 + ρ) −
k
Moreover, dtI (1) can be further simplified, because the
only term left in its expression requires the power of p
to be 0. Thus, mnI + j = k . When nI ≥ k , the only
possible values are m = 0 and j = k . When nI < k ,
then m = q and j = r, if we define k = qnI + r with
q ≤ 0 and 0 < r ≤ nI . Then
(
1
nI ≥ k
dtI (1) =
(9)
1 + ρ(k − r) nI < k, k = qnI + r
Again, EDT (I) is computed from (7) with the above
two terms. Similarly, EDT (II) and then EDT can be
obtained from (8).
Schedules with no splitting only allow the block
lengths (nI and nII ) to be multiples of k . For instance,
nI and nII can be 100, 200, 300, etc., when the original
message size k = 100. Similarly, schedules using half
splitting allow the block lengths to be multiples of k/2.
For example, nI and nII can be 50, 100, 150, etc.
Schedules corresponding to arbitrary splitting cases can
take any integer values for nI and nII , e.g., 113, 182,
231, etc.
Table I shows the optimal schedules and the corresponding EDT values for the above three cases, when
the demand probability for item I varies from 0.05 to
0.5 (or symmetrically from 0.5 to 0.95). We can make
several observations: 1) The results for no splitting and
half splitting schedules nicely match the results in [9],
[7]; 2) In general, half splitting is better than no splitting;
and 3) arbitrary splitting yields the best EDT. This is
intuitive since finer granularity allows more freedom in
scheduling. However, notice that differences in EDT are
subtle, which in fact suggests that even no splitting is
close enough to the optimal schedules. This is no longer
true for lossy channels, as will be shown in the following
section.
B. Case II: Does splitting help for random-loss broadcast channels?
The same three cases: no splitting, half splitting and
arbitrary splitting are examined here, except that the
broadcast channels now have random losses with a
probability p = 0.01. Figure 4 shows the results for
both lossless and lossy channels. ( The two lower curves
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pI
0.05
0.1
0.15
0.2
0.25
0.3
0.35
0.4
0.45
0.5

no splitting
nI : nII
EDT
100 : 600 1.37321
100 : 400
1.5074
100 : 300 1.59675
100 : 200 1.66267
100 : 200 1.70417
100 : 100
1.745
100 : 100
1.745
100 : 100
1.745
100 : 100
1.745
100 : 100
1.745

half splitting
nI : nII
EDT
100 : 650 1.37247
100 : 400
1.5074
100 : 300 1.59675
100 : 250 1.66057
100 : 200 1.70417
100 : 100
1.745
100 : 100
1.745
100 : 100
1.745
100 : 100
1.745
100 : 100
1.745

arbitrary splitting
nI : nII
EDT
100 : 646 1.37246
100 : 408 1.50733
100 : 299 1.59675
100 : 231 1.65951
100 : 182 1.70284
100 : 144 1.73021
100 : 113
1.7343
100 : 100
1.745
100 : 100
1.745
100 : 100
1.745

TABLE I
O PTIMAL S PLITTING FOR L OSSLESS C HANNELS (k = 100)

corresponding to the half splitting and the arbitrary
splitting almost overlap each other, as shown in Table
I. ) Again, it is clear that splitting does not help much
for lossless channels. However, the gain of splitting
is obvious for lossy channels. This again justifies the
need for better scheduling policy than brute-force half
splitting or no splitting at all. Also notice that when the
CODING scheme is applied, the performance in lossy
channels is very close to that of lossless channels, which
is consistent with the robustness discussion in section IIF.
optimal normalized time (EDT)

2.1
2
1.9
1.8
1.7
1.6
1.5
1.4

no splitting (lossy)
half splitting (lossy)
arbitrary splitting (lossy)
no splitting (lossless)
half splitting (lossless)
arbitrary splitting (lossless)

1.3
0.05 0.1 0.15 0.2 0.25 0.3 0.35 0.4 0.45 0.5
demand probability of item I

Fig. 4. EDT vs. Demand Probability (Lossy Channel with p =
0.01) (The three curves corresponding to lossless channels are tightly
grouped together. See actual values in Table I.)

IV. C ONCLUSIONS
In this paper, we propose to use proper MDS codes in
broadcast scheduling to combat data losses. We provide
a unified framework to analyze broadcast schedules for
random-loss channels. Optimal schedules are derived
with given data size and channel loss probability. We
show that our optimal schedule is robust, i.e., almost
immune to channel loss probability variations. This robustness helps broadcast system design and also helps to
target wireless receivers with a wide variety of reception

conditions. Extended analysis for unequal demand items
generalizes and unifies the results from previous works.
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A PPENDIX
A. Proof of Theorem 2
Let l denote the number of lost packets of item I. Then
the total number of broadcast packets of item I is k + l.
Also define tl (i) to be the delivery time of receiving
exact k packets with l packet losses, when starting from
the ith packet in item I block. dtl represents the average
delivery time of tl (i) over all i’s.
Let k + l = qn + r, where q and r are quotient and
reminder, respectively (q ≥ 0, n > r ≥ 0). The proof is
divided into two cases, when r = 0 and r 6= 0.
CASE I: r = 0
(
2qn − n i = 1
tl (i) =
2qn
i 6= 1

dtI (I) =
=

pl (1 − p)k

dtl
k

(10)

2(k + l) − 1
k
(11)

i=m

and with 0 ≤ x < 1, we can get
∞  
X
i i xk dk  1 
x =
k! dxk 1 − x
k
i=0

=

Since
and get

i
k



xk
(1 − x)k+1

= 0 when i < k , we can define l = i − k


∞ 
X
k+l

xk+l =

xk
(1 − x)k+1

k
l=0

∞ 
X
k+l l
1
x =
=⇒
k
(1 − x)k+1

(12)
(13)

l=0

= 2(k + l) − 1

CASE II: r 6= 0

tl (i) =

k−1

pl (1 − p)k

Thus, we have shown that dtI (I) is independent of n.
And we simplify dtI (I) as follows:
Let m = 0 and n = ∞ in the following equality,
n  
X
i i xk dk  xm − xn+1 
x =
k
k! dxk
1−x

i=0

2qn + r
2qn + n + r


∞ 
X
k+l−1
l=0

1X
tl (i)
n


1
(2qn − n) + 2qn(n − 1)
=
n
= 2qn − 1

(

k−1

l=0

n

dtl =


∞ 
X
k+l−1

1≤i≤n−r+1
n−r+1<i≤n

Take the derivative of both sides of (13), we can get

∞ 
X
k + l l−1
k+1
l
x
=
(14)
k
(1 − x)k+2
l=0

∞ 
X
k+l l
(k + 1)x
(15)
l
x =
=⇒
k
(1 − x)k+2
l=0

By substituting (13) and (15), we can simplify (11) as
dtI (I)

n

1X
dtl =
tl (i)
n

=(1 − p)k

i=0


1
(2qn + r)(n − r + 1) + (2qn + n + r)(r − 1)
=
n
= 2qn + 2r − 1

= 2(k + l) − 1

In both cases, dtl = 2(k + l) − 1 is independent of n.
dtI (I) is equal to the expected value of normalized dtl
over all l’s.

h 2k − 1
k

2p
2k − 1
+
k
1−p
2
1
=
−
1−p k
=

×

(16)
i

1
2
kp
+ ×
k
(1 − p)
k (1 − p)k+1
(17)

(18)
(19)

In summary, we have shown that dtI (I) is independent
of n with the value as in (19). 2
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B. Simplification of dtI (1)
X

dtI (1) =

(j,m):M ≥k

C. Proof of Theorem 3 and Derivation of dtI (1) (nI 6=
nII )



N M − 1 M −k
p
(1 − p)k
k k−1

where N = 2mn + j − (i − 1), M = mn + j − 1 + i
and i = 1. Thus,

=

dtI (1)


n
∞ X
X
2mn + j mn + j − 1
m=0 j=1
∞ X
n
X

k

k−1

Use similar notations as in the proof of Theorem 2,
except that let M = qnI + r (q ≥ 0, 0 < r ≤ nI ) now.
Thus,
(
qnI + qnII + r
1 ≤ i ≤ nI − r + 1
tl (i) =
qnI + qnII + nII + r nI − r + 1 < i ≤ nI
Then,

p

mn+j−k

(1 − p)

k

dtl =

i=0



2(mn + j) mn + j − 1 mn+j−k
p
(1 − p)k
k−1
k
m=0 j=1


n
∞ X
X
j mn + j − 1 mn+j−k
p
(1 − p)k
−
k−1
k

=

1
=
(qnI + qnII + r)(nI − r + 1)
nI

+ (qnI + qnII + nII + r)(r − 1)
nII
= (qnI + r) + (qnI + r − 1)
nI
nII
= (k + l) + (k + l − 1)
nI

m=0 j=1

Let l = mn + j and use (13) again, then the first item


n
∞ X
X
2(mn + j) mn + j − 1 mn+j−k
p
(1 − p)k
k−1
k
m=0 j=1
∞  
X
l l−k
2
p (1 − p)k =
2
=
k
1−p
l=0

Let q1 = 0 and q2 = ∞ in the following equality:


q
2
X
qn + a qn+a xb db  xq1 n+a − x(q2 +1)n+a 
x
=
b
b! dxb
1 − xn
q=q
1

and with 0 ≤ x < 1, we can get

∞ 
X
qn + a qn+a xb db  xa 
x
=
b! dxb 1 − xn
b
q=0

Using the above equality, the second item of dtI (1)
becomes


∞ X
n
X
j mn + j − 1 mn+j−k
p
(1 − p)k
k
k−1
m=0 j=1

∞ 
n
X
X
mn + j − 1 mn+j−1
j 1−k
k
=
p (1 − p)
p
k
k−1
m=0

nI
1 X
tl (i)
nI

Define the ratio between the block length of item I and
II as ρ = nII /nI . Then
dtl = (k + l) + ρ(k + l − 1)

Substitute this into (10), we can simplify and get
dtI (I) =

1+ρ ρ
−
1−p k

It is easy to see that if ρ = 1 (nII = nI ), the above
equation reduces to (19).
In a similar way, we can simplify dtI (1) as
dtI (1)


nI 
∞ X
X
mnI + mnII + j mnI + j − 1
=
k
k−1
m=0 j=1

× pmnI +j−k (1 − p)k
=

j=1

n
X
dk−1  pj−1 
j
(1 − p)k k−1
=
k!
dp
1 − pn
j=1

n
n
1
(1 − p)k dk−1 
= +
−
k 1−p
k!
dpk−1 (1 − p)(1 − pn )
In summary,


∞ X
n
X
2
j mn + j − 1 mn+j−k
dtI (1) =
p
(1 − p)k
−
1−p
k
k−1
m=0 j=1

n
n (1 − p)k dk−1 
1
− +
=
1−p k
k!
dpk−1 (1 − p)(1 − pn )


nI
1
ρnI
ρ(1 − p)k dk−1 
−
+
1−p
k
k!
pk−1 (1 − p)(1 − pnI )

