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Abstract— Recent advances in communication and mobile
computing have made it possible for cellular networks and
digital broadcasting systems to converge on the basis of their
common multimedia applications. We analyze the real-time
characteristics of a cdma2000 1xEV-DO broadcast and multicast
service (BCMCS) system, and propose a system architecture
to provide seamless multimedia services. We found that jitter
in the processing time of the Reed-Solomon decoder can lead
to a discontinuity in multimedia streaming, and we therefore
estimated the Reed-Solomon decoding time on a common mobile
platform for a given bit error-rate or fading margin in the
channel. Next we evaluated the jitter bound and the best cache
size for real-time applications in BCMCS. This analysis allows us
to suggest a system architecture based on the Jitter-EDD model
to ensure the continuity of real-time services for multimedia
applications over a 3G cellular broadcast network, and to provide
a better quality of service.

I. INTRODUCTION

As a result of recent advances in wireless and portable
computing technology, the paradigm of data communication is
shifting from wired to wireless environments. Spatial limita-
tions are being overcome as the utility of mobile computing is
enhanced. However, as the characteristics of the transmission
medium change, new considerations emerge. The convergence
of networking and broadcasting, within a framework of digital
data communication services, is another contemporary trend.
Digital cellular networks and digital broadcasting systems are
now starting to merge, based on their common multimedia ap-
plications, even though they have different technological roots.
Among many milestones passed, one is the recent publication
by the Third Generation Partnership Project (3GPP) and the
3GPP2 of specifications for enhancing 3G networks to support
multimedia broadcast and multicast services [1] [2].

The most common scenario for a 3G cellular broadcasting
service is the transmission of n streams of data to m mobile
stations to support real-time applications such as multimedia
broadcasting and multicasting. Errors in 3G broadcasts are
mainly the result of packet loss during delivery over the air
channel, rather than packets being dropped during conges-
tion control, which is more significant in packet switching
networks. To repair transmission errors, broadcast services
use forward error correction (FEC) techniques such as Reed-
Solomon (RS) coding, instead of the automatic retransmission
request (ARQ) used by unicast services.

This works was in part supported by BK21 Program.

We have studied MPEG video transmission over 3G cellular
broadcast networks [3] [4] [5], and discovered that, using the
current configuration, the video decoder can miss its timing
reference because of excessive delay, caused by jitter in the
processing time of the RS decoder. We aim to show that
real-time scheduling can provide an effective solution to this
problem.

Packet scheduling and jitter control are major topics in real-
time communication. We have already proposed [6] a dynamic
packet scheduler for 3G broadcasting networks, based on the
earliest deadline first (EDF) scheduling algorithm, but this
study ignored the processing time of the RS decoder. Verma et
al. [7] proved that, if a connection does not violate its traffic
specification, then its end-to-end delay and jitter requirements
are guaranteed by the Jitter-EDD discipline, although their
model requires a three-step channel establishment procedure
to obtain the bandwidth, processing power and buffer size
information needed to confirm the delay bound. Unlike unicast
networks, 3G broadcasting environments such as broadcast and
multicast service (BCMCS) and multimedia broadcast multi-
cast service (MBMS) do not currently allow those procedures
to be performed, and for this reason Verma et al.’s model
cannot be applied directly. We now propose a new model
that enables us to calculate the end-to-end delay bound and
the delay jitter in the context of the processing power of
cdma2000 1xEV-DO BCMCS mobiles and, using this model,
we can solve the MPEG timing problem. Our model can also
provide guidelines for the selection of design parameters for
3G broadcast networks.

II. BACKGROUND

We will now provide some background to the BCMCS envi-
ronment: the traditional model of communication delay will be
introduced, and its difference from the BCMCS situation will
be explained. We will also summarize the well-known real-
time communication analysis technique of Jitter-EDD, which
can guarantee jitter bounds to processes running on a packet
switching network. Then the architecture of BCMCS and the
MAC-layer FEC system will be introduced. Finally the real-
time characteristics of the MPEG system and the guidelines
on jitter range that are contained in the MPEG specification
will be described.
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Fig. 1. Traditional end-to-end communication delay model.

A. End-to-end Communication Delay

Traditionally [8], the communication delay between distant
tasks can be split into several intermediate delays, as shown in
Fig. 1. The symbols d1, . . . , d6 have the following meanings:

• d1: Delay in crossing the upper layers during the sending
task, including the application, presentation and transport
layers of the OSI model.

• d2: Queuing delay in the MAC sublayer of the sending
node.

• d3: Delay in physical transmission across the medium.
• d4: Delay in propagation of a bit across the medium to

the receiving node.
• d5: Delay in reception, and processing time in the MAC

sublayer of the receiving node.
• d6: Delay in crossing the upper layers during the receiv-

ing task.

In order for a task to receive a message in time, it is
necessary to determine and guarantee these intermediate de-
lays. Generally, the delays d1 and d6 do not depend on the
network, which is the case in the current context; and d2

and d5 have traditionally been assumed to be negligible fixed
delays, supposing that all messages are immediately passed
to or from the upper layers. However, it has been suggested
[7] that d2 can be considered as the main variable factor in
a packet switching network. Additionally [3] [4] [5], d5 also
varies to a significant degree with the channel condition, while
d2 can easily be regulated by the scheduling process at the base
station in a BCMCS environment. The transmission delay d3

depends on the network bit-rate and the length of the message,
and the propagation delay d4 depends on the network. An
upper bound on the latter can be guaranteed by reserving the
medium at the appropriate time; how the medium is reserved
depends on the MAC protocol of the particular network.

B. Delay Jitter Control in a Packet Switching Network

In classic earliest-due-date (EDD) scheduling, each packet
is assigned a deadline, and the packets are sent in order of
increasing deadlines. Delay-EDD [9] is an extension in which
the server negotiates a service contract with each source. Its
essence lies in the assignment of deadlines to packets. The
server sets a packet’s deadline to the time at which it should
be sent, assuming it has been received at the time specified
in the contract. This is equivalent to the expected arrival time

added to the delay bound at the server. For example, if a client
commits to send packets every t1 seconds, and the delay bound
at the server is t2 seconds, then the kth packet from the client
will be assigned a deadline of t1k+t2. By reserving bandwidth
at the peak rate, Delay-EDD can assure a hard delay bound
on each channel.

Jitter-EDD [7] extends Delay-EDD to provide delay-jitter
bounds (i.e. a bound on the minimum as well as on the
maximum delay). After a packet has been served, it is stamped
with the difference between its deadline and the actual dispatch
time. A regulator at the entrance to the next switch holds
the packet for this period before it becomes eligible to be
scheduled. This mechanism provides the required minimum
and maximum delay guarantees.

The idea of inserting a delay can also be effective in the
BCMCS environment, although in this case the delay is not
produced by indeterministic queuing at a switch, but produced
by the time required for RS decoding at the receiver. In the
case of BCMCS, the base station sends the broadcast packet
in its pre-scheduled time slot, making the sender-side delays
deterministic. A detailed description will be presented in the
following section.

C. cdma2000 1xEV-DO BCMCS and FEC in the MAC layer

BCMCS in cdma2000 1xEV-DO radio access networks
provide point-to-multipoint transmission of data from a single
source to all users, or to a group of users in a specific area.
The main purpose of BCMCS is to allow efficient use of the
cdma2000 radio interface for delivery of content streams to
mobile stations across an operator’s network. In these services,
the subscribers in a certain group receive data from the base
station simultaneously, because all subscriber nodes and the
base station are synchronized with a global clock. As a result,
the delay d1 can be ignored and we can determine d2 by
time-slot scheduling. Unlike the unicast cdma2000 1xEV-
DO standard which uses ARQ, BCMCS utilize a forward
error-correcting product code for error control, comprising
an inner turbo code and an outer RS code. The architecture
and description of BCMCS can be obtained from the 3GPP2
standard [2] and related articles [10] [11].

Fig. 2 shows the structure of error recovery using RS
coding within the context of data transmission in current
BCMCS. The broadcast framing protocol fragments higher-
layer packets at the access network; the broadcast security
protocol provides encryption of framing packets; and the
broadcast MAC (medium access control) protocol defines the
procedures used to transmit over the broadcast channel, and
additionally specifies an outer code which, in conjunction with
the physical-layer turbo code, forms the product code.

Each logical channel of the BCMCS uses error control
blocks (ECBs) with M MAC packets per row (see Fig. 2).
The variables N and K represent the number of octets and
security-layer octets in an RS codeword. R is the number
of parity octets: the RS decoder can recover up to R octet
erasures in each codeword. RS coding is applied to the
columns of the ECB, and then the data is transferred row by
row to the physical slot, where it forms one or more physical-
layer packets. The ECB is designed to provide a structure such
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Fig. 2. Structure of the ECB and the data transmission scheme for BCMCS.

that, in the event of a physical-layer packet erasure, octets in
the same position are lost from all affected RS codewords.
The possible values of N in BCMCS are 32, 16 and 1, and
K can take a value of 28, 26 or 24 when N = 32, or a value
of 14, 13 or 12 when N = 16 [2] [10].

The burstiness of errors caused by bad channel conditions
can be an important factor in selecting an appropriate data
interleaving interval, determined by the width of the ECB,
which is 125 × M octets, as shown in Fig. 2. As the value
of M increases, the time-diversity also increases and thus a
mobile station which is in a time-varying shadow environment
is able to recover more corrupted data. The organization of
BCMCS is such that the value of M for a given ECB has to
be less than or equal to 16.

D. Real-time Constraints Imposed by an MPEG System

An MPEG system is one of the best-known multimedia
systems that can utilize cdma2000 1xEV-DO BCMCS. The
transport stream system target decoder (T-STD) model of
the MPEG system provides a guideline for managing timing
constraints and buffers in an MPEG transport stream (TS)
decoding process [12] [13]. According to the MPEG specifi-
cations, the TS should be constructed so that the time interval
between the bytes containing the last bit of the PCR base
field in successive occurrences of the program clock reference
(PCR) in the TS packets containing the PCR Packet ID
(PCR PID) for each program is no more than 100 ms:

|t(i) − t(i′)| ≤ 100 ms, (1)

for all values of i and i′, which are the indexes of the bytes
containing the last bit of consecutive PCR base fields in the
TS packets of the PCR PID for each program. There should be
at least two PCRs, from the specified PCR PID within a TS,
between consecutive PCR discontinuities, so as to facilitate
phase locking and to permit extrapolation of byte delivery
times. Therefore, an MPEG system should receive each TS
packet with a maximum jitter of 100 ms.

III. TIME TAKEN BY REED-SOLOMON DECODING

As described in the previous section, the delay in the MAC
sublayer of the receiving station largely depends on the pro-
cessing time of the RS decoder. Moreover, experimental results

from our previous studies [3] [4] [5] show that the execution
time of an RS decoder varies significantly under different error
conditions. We will now summarize its operation and suggest
a simple model to estimate its execution time.

A. The Reed-Solomon Decoding Process

Reed-Solomon is an algebraic code belonging to the class
of BCH (Bose-Chaudry-Hocquehen) multiple-burst-correcting
cyclic codes that operates on bytes of fixed length. This is a
large class of powerful random error-correcting cyclic codes.

If the parity part of an RS codeword is of length R bytes,
then the decoder can correct up to R corrupted bytes if their
positions are known, or detect and correct up to R/2 bytes if
the positions of the errors are unknown. In cdma2000 1xEV-
DO, an RS codeword consists of a sequence of 8-bit bytes,
containing a configurable number of parity bytes.

An understanding of the encoding part of the RS algorithm
is not necessary here because we are going to focus on the
evaluation of receiver performance; but decoding will be de-
scribed briefly. An RS decoder generates four syndrome bytes,
which will be all zero if the message has no errors. These
syndromes can be computed relatively simply, as follows [14]:
Let ν(x) = ν0+ν1x+ν2x

2+ . . . vn−1x
n−1 be the transmitted

code vector and let γ(x) = γ0 + γ1x + γ2x
2 . . . + γn−1x

n−1

be the corresponding received vector. Then e(x) = γ(x) −
ν(x) = e0 + e1x + e2x

2 . . . + en−1x
n−1 is the error pattern

added by the channel, where ei = γi − νi is a symbol
from GF 2m

, which is a Galois field of order 2m. If we
assume that there are ν errors in positions i1, i2, . . . , iν , then
e(x) = ei1x

i1 + ei2x
i2 + . . . + eiν

xiν

. If R is the error-
correcting capability of the code, then 2R syndromes can be
computed, as follows:

Sj = γ(αj)
= ei1(α

j)i1 + ei2(α
j)i2 + · · · + eiν

(αj)iν

= ei1(α
i1)j + ei2(α

i2)j + · · · + eiν
(αiν )j

= ei1X
j
1 + ei2X

j
2 + . . . + eiν

Xj
ν , (2)

where Xι is defined as αiι(ι = 1, 2 . . . ν).
These syndrome equations can be obtained as a sequence of

2R algebraic equations, which can be linearized by defining
the error locator polynomial Λ(x) as follows:

Λ(x) =
ν∏

ι=1

(1 − Xιx)

= Λνxν + Λν−1x
ν−1 + . . . + Λ1x + 1. (3)

If it is assumed that R errors (ν = R) have occurred, then we
obtain the following matrix equation:


S1 S2 · · · SR

S2 S3 · · · SR+1

S3 S4 · · · SR+2

...
...

. . .
...

SR SR+1 · · · S2R−1







ΛR

ΛR−1

ΛR−2

...
Λ1


 =




−SR+1

−SR+2

−SR+3

...
−S2R


 . (4)

Once the syndromes have been computed, there are a num-
ber of ways to find the error locations. In our RS decoder we
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use Berlekamp’s iterative algorithm, which takes the following
form [14]:

1) For each codeword received, compute the syndrome
sequence S1, . . . , S2R.

2) Initialize the algorithm variables: κ = 0,Λ(0)(x) =
1, L = 0 and T (x) = x.

3) Set k = k + 1 and then compute the discrepancy ∆(k)

as follows:

∆(k) = Sk −
L∑

i=1

Λ(k−1)
i Sk−1. (5)

4) If ∆(k) = 0, then go back to Step 8.
5) Modify the connection polynomial:

Λ(k)(x) = Λ(k−1)(x) − ∆(k)T (x). (6)

6) If 2L ≥ k, then go to Step 8.
7) Set L = k − L and T (x) = Λ(k−1)(x)/∆(k).
8) Set T (x) = x · T (x).
9) If k < 2R, then go back to Step 3.

10) Determine the roots of Λ(x) = Λ(2R)(x). If these roots
are distinct and lie in the right field, then determine the
error magnitudes, correct the corresponding locations in
the codeword, and stop.

11) Otherwise, declare a decoding failure and stop.
Once errors have been detected, they must be deleted and

the original data recovered. For erasure decoding, assuming
the received codeword has ν errors and f erasures, an erasure
locator polynomial is defined as follows:

Γ(x) =
f∏

ι=1

(1 − Yιx) where Yφ = αjφ , (φ = 1, 2 . . . , f) .

(7)
In summary, decoding is achieved by the following steps:
1) Compute an erasure polynomial Γ(x) using the erasure

information provided by the receiver.
2) Replace the erased coordinates with zeros and compute

the syndrome.
3) Compute the modified syndrome polynomial:

Φ(x) = (Γ(x)[1 + S(x)] − 1) mod x2R+1. (8)

4) Apply the Berlekamp algorithm to find the connection
polynomial Λ(x), using the modified syndrome coeffi-
cients Φi, i = f + 1, . . . , 2R.

5) Find the roots of Λ(x), and thus the error locations.
6) Determine the magnitudes of the errors and erasures

using the error/erasure locator polynomial, which is

Ψ(x) = Λ(x)Γ(x). (9)

Then the error and erasure values are

eik
=

−XkΩ(X−1
k )

Ψ′(X−1
k )

, fik
=

−YkΩ(Y −1
k )

Ψ′(Y −1
k )

, (10)

where

Λ(x)[1 + Φ(x)] = Ω(x) mod x2R+1,

Xφ = αiφ , (φ = 1, 2 . . . , ν).
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Fig. 3. Simplified execution-time model of the RS decoder.

B. Execution Time Model of the Reed-Solomon Decoder

Having briefly surveyed the RS decoding procedure, we now
focus on finding a correlation between the error condition and
the execution time of the decoder.

In the BCMCS environment, the RS decoder is able to
obtain the numbers and positions of errors from the physical
layer. Using this error information, the decoder can decide
whether to continue the decoding process to erase errors,
or not. The decoder should continue decoding and erase the
corrupted data when a codeword includes at least one error, but
not when there are more than R. If these conditions are set, the
subsequent steps taken by the decoder can be simplified into
two stages. First a series of operations is performed to build
the syndromes. Then the decoder loops through a second series
of operations that are repeated until no more residual errors
remain.

Fig. 3 shows our simplified model of the time taken by RS
decoding. There are three computational components in the
model, C1, C2, and C3, which have the following functions:

• C1 decodes a codeword and decides whether to try
erasing the errors or not.

• C2 builds the corresponding syndromes.
• C3 are the erasure loops.

After receiving the codewords, the decoder invokes C1 to
decode them and then decides what to do next, depending on
the value of ν. Thus, C1 is performed once for each codeword
received. If the number of errors is greater than zero and less
than or equal to R, then C2 should be invoked. From C2,
the system obtains the syndromes that correspond to the error
pattern in those codewords. C3 is then repeatedly invoked until
no more errors remain and the decoding of that codeword is
complete.

Based on this model, we constructed a simple equation that
expresses the total time taken by RS decoding (CCW ), split
between the computation components C1, C2, and C3, and
depending on the number of errors in each codeword (ν):

CCW (ν|ν = 0, ν > R) = C1

CCW (ν|0 < ν ≤ R) = C1 + C2 + ν × C3. (11)

As mentioned in Section II-C, an ECB is composed of
125×M codewords, and each codeword may contain a differ-
ent number of errors. So we can determine the total execution
time for an ECB if we know its composition, which we can
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determine using the following equation:

CECB =
125M∑
ξ=1

CCW (ξ)

= 125MC1 +
R∑

ν=1

N(ν)(C2 + νC3), (12)

where ξ denotes a codeword and N(ν) is the number of
codewords containing ν octet errors.

C. Experimental Environment

The execution time of the RS decoder was measured using
the SEE (SNU Energy Explorer) [15]. The block diagram
of our experimental environment is shown in Fig. 4. In the
following experiments, both the ARM7 core and the SEC
128 Mbit SDRAM array (K4S280832A) were operated at a
clock speed of 100 MHz, and we used 8K instruction and
data caches, with 4-way associativity. This organization is
abstracted from the general ARM-based embedded system
and MSM6000 chipset provided by QUALCOMM, which also
uses the ARM7 TDMI core [16].

D. Experimental Results

We measured the average execution time for each computa-
tional component, and the total time spent by the RS decoder
on each codeword. We repeated this experiment 100 times
with randomly generated codewords to get average values.
The average execution time of each computational component
is given in Table I, and the total execution times per codeword
are plotted in Fig. 5.

We found that, once the type of RS code to be used has
been chosen, the values of C1 and C2 are affected very little

TABLE I

AVERAGE EXECUTION TIME OF EACH COMPUTATIONAL COMPONENT.

C1 C2 C3RS code
(ms) (ms) µ (ms) σ

(32,24,8) 0.0609 1.5594 0.0663 0.0033
(32,26,6) 0.0451 1.1790 0.0600 0.0016
(32,28,4) 0.0295 0.8282 0.0537 0.0012
(16,12,4) 0.0119 0.8235 0.0548 0.0005
(16,13,3) 0.0081 0.6760 0.0349 0.0302
(16,14,2) 0.0043 0.5346 0.0164 0.0284
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Fig. 5. Execution time of the RS decoder.

by the contents of each codeword. However, factors such
as the positions of the error octets do affect C3 to some
degree. The main reason for this seems to be that Berlekamp’s
algorithm invokes a different style of iteration depending on
the characteristics of the codeword, as described in Section III-
A. Nevertheless, Table I shows that the total execution time per
codeword mainly depends on C2, and also that the standard
deviation (σ) of C3 is not large, so we will use the average
values (µ) of C3, in order to keep our analytic model as simple
as possible.

IV. ERROR PATTERN ANALYSIS

A. Gilbert’s Channel Model of Rayleigh Fading

We used the Gilbert channel model [17] [18] [19] to
simulate data errors which arise in transmission over fading
channels. Fading in the air channel is assumed to have a
Rayleigh distribution. A first-order two-state Markov pro-
cess can simulate the error sequences generated by data
transmission on a correlated Rayleigh fading channel: these
errors occur in clusters with relatively long error-free intervals
between them.

By choosing different values for the input bit error-rate
(BER) and for fdT (which is the Doppler frequency nor-
malized to the data-rate, where fd is the Doppler frequency,
equal to the mobile velocity divided by the carrier wavelength
[20]), we can model different degrees of correlation in the
fading process. The value of fdT determines the correlation
properties, which are related to the mobile speed for a given
carrier frequency. When fdT is small, the fading process
has a strong correlation, which means long bursts of errors
(slow fading). Conversely, the occurrence of errors has a weak
correlation for large values of fdT (fast fading).

In the equations that follow, α is the probability that the ith

bit is corrupted, given that the (i − 1)th bit was transmitted
accurately, and β is the probability that the ith bit is accurate,
given that the (i − 1)th bit was corrupted. The steady-state
BER (ε) is then obtained as follows:

ε =
α

α + β
. (13)

If the Rayleigh fading margin is F , the average BER can
be expressed as

ε = 1 − e−
1
F . (14)

Using this equation and the equations which follow, we can
now derive values for α and β. The average lengths of
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Fig. 6. The effect of sampling interval.

sequences of error bits and sequences of normal bits are given
by 1/β and 1/α, where

β =
Q(θ, ρθ) − Q(ρθ, θ)

e
1
F − 1

, and θ =

√
2/F

1 − ρ2
. (15)

The term ρ is the correlation coefficient of two samples of
the complex Gaussian fading process, and is expressed as ρ =
J0(2πfdT ), where j0(·) is a Bessel function of the first kind
and of zeroth order. Additionally,

Q(x, y) =
∫ ∞

y

e−
x2+w2

2 I0(xw)w dw (16)

is the Marcum-Q function. Thus, the relationship between the
given BER and the Markov parameter can be represented as

β =
1 − ε

ε
[Q(θ, ρθ) − Q(ρθ, θ)] , (17)

where

θ =

√
−2log(1 − ε)

1 − J2
0 (2πfdT )

.

B. Experimental Environment

In the following experiments, we used values of 1.0×10−4

(S1) and 5.0 × 10−5 (S2) for fdT , which represent fast and
slow fading conditions respectively, with a reference channel
data-rate of 409.6 Kbps and a carrier frequency of 900MHz.

C. Sufficiency of the Interleaving Space

As described in Section II-C, the BCMCS system uses the
ECB to scatter error clusters into a sparse pattern so as to
maximize the error recovery performance of the RS decoder.
We suggest that, so long as sufficient interleaving space is
provided in the codes, the Rayleigh distribution of an error
cluster is converted into a random distribution. We will now
present a model to support this contention.

Fig. 6 shows the relation between the sampling interval
(Lsample) and the sampled average value (Savg). As men-
tioned in Section IV-A, the average lengths of sequences of
uncorrupted and error bits are 1/β and 1/α respectively. The
fluctuating pattern of the channel condition is made up of
a repetition of these error and normal clusters. The average
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Fig. 7. Average values of Ltemplate and LECB .

length of one sequence of normal bits and one sequence of
error bits, which we will call a template (Ltemplate), can be
expressed as follows:

Ltemplate =
1
α

+
1
β

=
1

(1 − ε)[Q(θ, ρθ) − Q(ρθ, θ)]
. (18)

We now consider the relative sizes of Lsample and
Ltemplate. If Lsample is smaller than Ltemplate, then the
composition of the samples is not homogenous, and the value
of Savg will vary dramatically. Most errors will be localized
into a few samples and Savg for these samples will be
exaggerated. The other samples will contain relatively few
errors, and Savg will naturally be underestimated for these
samples.

As Lsample converges with Ltemplate, the fluctuation of
Savg will stabilize. After this point, the distribution of errors
in the samples will approach more and more closely to the
steady-state error-rate as Lsample increases further; and finally
Savg → ε as Lsample → ∞.

In BCMCS, as described in Section II-C, the errors in each
channel are interleaved by the ECB. Thus, the size of the ECB
(LECB) can be considered to be equivalent to Lsample, and
is defined as follows:

LECB = 125MN
bits

octet
, (19)

where bits/octet is the bit-count of the transmission octet of
the specific communication system.

Fig. 7 shows the theoretical variation of Ltemplate with the
input BER, and the corresponding curve for LECB when M
is 16 and N is 32. The value of Ltemplate under condition S1
is smaller than LECB when the BER is between 1.0 × 10−4

and 1.0. Within that range, we can expect the channel to be
in a situation similar to that shown in Fig. 6 (b) or (c). But,
if the BER is below 2.4 × 10−4, then the value of Ltemplate

for S2 is larger than LECB , and the situation is similar to that
in Fig. 6 (a). However, in both those cases, the increase in
execution time caused by a relatively small number of error
clusters is marginal, and our results show that the maximum
execution time will not be affected. Thus, we are able to
assume that the BCMCS system can select an appropriate
ECB size parameter to achieve sufficient interleaving under
most channel conditions, when the influence of the channel
on the error distribution may be considered to be random.
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D. Error Probability Function after Adequate Interleaving

As explained in the previous section, the pattern of error
clusters occurring in the channel can be regarded as random
after sufficient interleaving has been provided. In this case, the
probability that a codeword contains i errors can be expressed
by the following binomial equation:

P (ν = i) =
(

N

i

)
εi(1 − ε)N−i. (20)

The residual error-rate (εresidual) after RS decoding, which is
an indicator of error recovery performance, can then be derived
as follows:

εresidual =
N∑

ν=R+1

ν

N

(
N

ν

)
εν(1 − ε)N−ν . (21)

E. Simulation Results

Fig. 8 shows how the simulation results relate the input BER
to the probability that a codeword contains a certain number of
errors. We performed this simulation by generating error maps
for the two values of fdT that correspond to conditions S1 and
S2. Each map contains 2.0× 106 codewords so as to stabilize
the results. We counted the number of codewords containing
errors, and divided the result by the total number of codewords
to get the average probability of an error occurring. Then we
compared the results with the theoretical curves, generated
from Eq. (20). Fig. 8 shows that the results for a fast-moving
mobile (S2) follow the theoretical curve closely, and the results
for slow fading (S1) are almost as good.

V. ENSURING SERVICE CONTINUITY IN 3G BROADCAST

NETWORKS

A. The Effect of Channel Condition on Reed-Solomon Decod-
ing Time

The expected number of codewords containing errors can
be expressed as follows:

E[N(ν)|ν = i] = 125MP (ν = i). (22)

From Equations (12) and (20), we are then able to derive a
simple equation which expresses the expected RS execution
time per ECB for a given BER:

E[CECB(ε)] = 125M [C1 +
R∑

ν=1

(
η

ν

)
εν(1 − ε)η−ν(C2 + νC3)].

(23)
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Fig. 9. Experimental execution times.

B. Experimental Results

Using the SEE [15], we measured the average time taken
by the RS decoder to process each ECB. Each stream of
5.12 × 106 bits was generated by the 2-state Markov model
and interleaved, with a value of LECB of 5.12 × 105 bits.
The RS code was (32,24,8). We measured the time required
to decode each ECB 10 times, and took the average value. And
then we compared the results with curves generated from Eq.
(23). Fig. 9 shows that the execution times for both fading
conditions, S1 and S2, almost coincide the with theoretical
curves. As described in Section III-D, C1 and C2 remain
nearly the same for a given RS code, and it is the variation
in C3 that produces the difference between the measured and
the theoretical results. This means that we can predict the RS
decoding time providing that we have information about the
channel error-rate, which can easily be obtained.

C. Estimating Maximum Jitter and Buffer Size
From our experiments, we can predict the time required for

RS decoding at a mobile for a given BER. However, service
providers manage the coverage area and transmission power
level of each base station within a pre-determined range of
tolerable error-rates. So it is necessary to estimate the jitter
value for a given range of BERs. This involves calculating the
execution time range of the RS decoder, which contributes
jitter to the end-to-end communication delay. If the BER of
the channel is between 0 and ε and the period of an ECB is
TECB , then the jitter value J(ε) for that ECB can be derived
as follows:

J(ε|ε < ε′) =
E[CECB(ε)] − min(CECB)

TECB

=
125M

TECB
×

R∑
ν=1

(
η

ν

)
εν(1 − ε)η−ν(C2 + νC3);

J(ε|ε ≥ ε′) =
125M

TECB
×

R∑
ν=1

(
η

ν

)
ε′ν(1 − ε′)η−ν(C2 + νC3).

(24)

And ε′ can be obtained from the following derivatives:[
dE[CECB(ε)]

dε

]
ε=ε′

= 0,

[
d2E[CECB(ε)]

dε2

]
ε=ε′

< 0.
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Fig. 10. Information exchange in BCMCS.

The size of buffer needed to store one ECB, and the maximum
jitter bound, if that ECB is to reach the upper-layer MPEG system
decoder during the correct interval, can be expressed by the following
equation:

Lbuffer(ε) = LECB(1 + 2J(ε)). (25)

D. System Architecture to Ensure Service Continuity in 3G
Broadcast Networks

In a standard BCMCS network, each node reports its error-rate at
the arrival of every packet, using the data request channel (DRC) on
the reverse link. The base station can use this information, together
with inbuilt performance profiles, to determine the end-to-end delay
bounds and jitter values for each mobile. The base station can then
decide the appropriate buffering level for each service so as to match
the current channel conditions of its subscribers. Each mobile can
then be told its buffering level by means of an overhead message on
the forward control channel. Fig. 10 shows a simple implementation
of this idea.

Our model will provide information about the delay and jitter
bounds of the service, while bandwidth is determined by time-
slot scheduling performed at the base station. A measurement of
the processing power available at each mobile station can also be
provided to the system. If a base station schedules its service using
that information and the Jitter-EDD algorithm, then we can guarantee
the continuity of the service between the base station and the output
of the RS decoder, using Verma et al.’s proof [7] and our EDF-based
scheduling algorithm [6]. As described in Section II-D, if the RS
decoder provides the TS within its deadlines, then the MPEG system
will meet the rest of the timing constraints.

Additionally, it is possible to change the buffering level of each
service stream to minimize the end-to-end delay in the system.
The base station can dynamically determine an appropriate buffering
level for each stream, so as to accommodate the largest jitter value
associated with any of its subscribers. For example, suppose that a
base station is using the (32,24,8) RS code, M is 16, and TECB

is 2,000 ms, allowing a video stream to be broadcast at 409.6
kbps. If the MSM6000-based mobile which is experiencing the worst
reception reports the upper bound on its BER as 1.0×10−2, then Eq.
24 can be used to determine its expected jitter for each ECB, which
will be around 450 ms. From Eq. 25, the base station can determine
the appropriate buffer size, which is 972,884 bits, and then use the
forward control channel to notify all the MSM6000-based mobiles.

Our model can also provide some guidelines for planning and
designing a network. For example, a service provider needs to decide
on an acceptable fading margin to determine the deployment of each
cell. Our model can be modified to provide this design consideration:

E[CECB(ε)] = 125M ×

(C1 +
R∑

ν=1

(
η

ν

)
(1 − e−

1
F )νe

ν−η
F (C2 + νC3)).

(26)

Eq. (23) can also be used to formulate a guideline for deciding
the processing power that a mobile needs to deal with a particular
BER, or vice versa.

VI. CONCLUSIONS

We have presented a model which can be used to ensure service
continuity in 3G multimedia broadcasting environments which in-
clude RS decoding. We have provided a mathematical model which
can predict the jitter of the RS decoding time from the processing
power available at a mobile and the channel condition that is is ex-
periencing. This contrasts with Jitter-EDD and its derivatives, which
require a three-stage connection establishment procedure to obtain
the same information, making its implementation in a broadcasting
environments unnecessarily intricate. We expect our model to be
practically useful in the planning and design of 3G broadcasting
networks and in their daily operation.
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