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A Hybrid Architecture for Delay Analysis of Interleaved
FEC on Mobile Platforms
Kyungtae Kang, Member, IEEE, Cheolgi Kim, Member, IEEE,
and Kyung-Joon Park, Member, IEEE
Abstract—Forward error correction (FEC) is the preferred way of coping with the error-prone nature of wireless links in broadcasting systems,
because it can provide a bounded delay, which is a particular consideration
for real-time multimedia applications. Additionally, controlling the variability of the delay, or jitter, is important in achieving seamless multimedia
services. We show that error control using Reed–Solomon (RS) FEC in
the medium-access control (MAC) layer can be a major source of jitter.
We predict the expected delay incurred by RS decoding for varying levels
of block interleaving in a mobile, under a range of channel conditions,
using a hybrid simulation and analytic approach, which is based on the
error statistics of data transmission over fading channels. The results allow
us to determine the size of the buffer required to avoid frequent service
interruptions.
Index Terms—Delay estimation, hybrid architecture, interleaved
forward error correction (FEC), mobile systems.

I. I NTRODUCTION
Broadcast and multicast services in CDMA2000 wireless networks
[1], [2] can simultaneously provide uniform high-quality multimedia
to a large number of subscribers. For this purpose, an outer forward
error-correction (FEC) code in the medium-access control (MAC)
layer is used in combination with the physical-layer inner turbo code
[3]. This combination enhances the transmission efficiency, irrespective of any explicit power control. The CDMA2000 air specification [4]
states that Reed–Solomon (RS) codes with the coding rates of 12/16,
13/16, and 14/16 should be considered as the options for the outer
code, owing to their superior performance at low error rates [5]–[7].
An RS code is specified by a tuple (N, K), where K and (N − K)
are the number of information bytes and parity bytes, respectively, in
each codeword. The RS algebraic erasure decoding procedure is then
able to correct up to (N − K) damaged bytes, which are located by a
cyclic redundancy check in the physical layer, in each RS codeword.
The physical-layer protocol erases these damaged bytes and informs
the RS erasure decoder of their locations.
Before applying RS encoding, the access network transfers the data,
which consists of broadcast security packets [4], into a buffer called
an error control block (ECB) for each logical channel. The data are
entered into the ECB row by row, RS coding is applied to the columns
of the ECB, and the access network transmits the data from the ECB
on the broadcast channel, again by row. Each row of an ECB constructs
M broadcast MAC packets, and each of these packets contains 125 B
of the ECB as its payload, together with a 2-bit MAC trailer. The
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purpose of the ECB is to permit block interleaving [10], [11], which
allows efficient recovery from the bursts of errors, which frequently
occur in communicating with mobile subscribers. The extent of this
block interleaving can be adjusted by varying the value of M , which is
the width of the ECB. A wide ECB provides increased time diversity,
which improves the performance, even in the presence of time-varying
shadowing.
Kang et al. [12] investigated this error-recovery structure within
the context of data transmission in broadcast and multicast services
in CDMA2000 wireless networks. They analyzed the RS decoding
process in detail, derived a simplified model of the time that it requires,
and presented the results of experiments performed with the SNU
Energy Explorer (SEE) [13], which is a web-based mobile platform
testbed based on the ARM7TDMI processor. Using this timing model,
Cho et al. [12] estimated the time taken by RS decoding with a
Gilbert–Elliot [13], [14] channel model of Rayleigh fading and found
that jitter in the processing time of the RS decoder can lead to a
discontinuity in multimedia streaming. Their evaluation of the jitter
bound allowed them to suggest a system architecture based on a
jitter earliest due date [15] model, which can ensure the continuity of
real-time services for multimedia applications over a third-generation
cellular broadcast network. However, this analysis only considered the
maximum amount of interleaving when the ECB was wide enough
to perfectly randomize the channel errors under most channel conditions. Additionally, the Gilbert–Elliot model has a limited capacity to represent the combination of long error bursts with a highly
variable error rate, although it precisely describes the long-term error
rate [16].
In this paper, we complement earlier work by considering various
levels of block interleaving. We have developed a stochastic analysis
of delay that allows the formulation of a delay model of RS decoding
to accommodate various levels of ECB interleaving and conditions
of the fading channel. Furthermore, we have replaced the bit-level
Gilbert–Elliot model with a more sophisticated block-level error model
of the fading channel to improve the accuracy of our analysis. In
this model, the Markov approximation is combined with a detailed
threshold model to provide a closer description of the block-error
process that takes place in fading channels. These structures support
hybrid analysis, in which the packet error rate (PER) of the physical
channel is first obtained by simulating the inner code, and then, the
PER is used to derive the parameters of the Markov model. This
enables us to analyze the delay involved in MAC-layer RS decoding
across the layers by taking the physical layer into account. Later, in
this paper, we will establish the validity of this hybrid approach by
comparing its results with those obtained by brute-force simulation.
Our overall aim is to provide an integrated framework and, thus, to
promote insights that can materially affect the design of the developing
protocols that are necessary in each service layer of a wireless network
if the goal of high-quality multimedia broadcast systems is to be
achieved.
To the best of our knowledge, this study is the first analysis of
the timing aspect of RS decoding in the context of broadcast services in CDMA2000 wireless networks. It is intended to provide a
foundation for high-quality broadcast services, with special emphasis
on delay-sensitive applications, such as multimedia. We have focused
on CDMA2000 networks in this study, because they are currently
deployed in many countries, but the applicability of the proposed
hybrid analytic architecture is not limited to those networks, because
it is both modular and extensible. Different protocol designs can
easily be plugged into the architecture, allowing the performance of
newer systems such as third-generation partnership project–long-term
evaluation [17] or WiMAX [18] to be predicted and appropriate design
parameters to be chosen.

Fig. 1. Representation of the error process by a state diagram with Markov
parameters.

II. BACKGROUND AND R ELATED W ORK
A. Error Statistics in Data Transmission Over Fading Channels
Wireless channels with memory have widely been studied. However, some real-world channels do not lend themselves to theoretical
analysis, and the development of simplified models is desirable. The
investigation by Zorzi et al. [19] of the behavior of the block errors
that arise in data transmission over fading channels took the specific
coding and modulation scheme [19] into account and tracked the
fading process symbol by symbol. This detailed approach includes the
simulation of the third-order statistics of the block-error process. It was
shown that a Markov approximation is a good model of the block-error
process for a range of modulation schemes, block lengths, and errorcorrection capabilities of the outer code. Additionally, it was shown
that the relationship between the marginal error rate and the transition
probability essentially depends on an appropriately normalized version
of the Doppler frequency. This relationship is, in fact, almost similar
to that of the simple threshold model, which assumes that the value
of the fading envelope is constant throughout the duration of a data
block, and a block is successfully received if and only if the value of
the fading envelope is above a certain threshold, for which closed-form
expressions were obtained in [20], for the Rayleigh-fading case. This
fact suggests a unified approach to the modeling of the physical channel, which could simplify the analysis of the upper layer protocols.
In this detailed threshold model [19], the Markov process is specified by two independent parameters q and r, which are the transition
probabilities that relate the transmission status of the consecutive
packets, as shown in Fig. 1. (Recall that each MAC packet contains
a 125-B payload.) The channel generates a packet error whenever
the Markov chain reaches the bad state, which results in the erasure
of the payload that it contains. Finally, the analytical expression
for the Markov parameters of the threshold model for flat Rayleigh
fading [19] is
F =−

1
log(1 − ε)

(1)

where F is the fading margin, and ε is the steady-state PER, which is
given as follows:
r
.
(2)
ε=
q+r
The average length of a burst of packet errors is 1/r, where
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The term ρ is the correlation coefficient of the two samples of the

),
complex Gaussian fading process and is equal to ρ = J0 (2πfD
where J0 (·) is the Bessel function of the first kind and of zeroth

) is the normalized version of the Doppler frequency.
order, and (fD


is calculated as fD
= fD NBL T , where
In particular, the value of fD
fD is the maximum Doppler frequency, NBL is the block size, and T

is very small, the fading
is the symbol duration. When the value of fD
process is highly autocorrelated (slow fading); on the other hand, for

, the two samples of the channel are almost
very large values of fD
independent (fast fading). Additionally

∞
e−

Q(x, y) =

x2 +w2
2

I0 (xw)w dw

(4)

y

is the Marcum-Q [21] function. Thus, the relationship between the two
parameters ε and r can be expressed as
r=

1−ε
[Q(θ, ρθ) − Q(ρθ, θ)]
ε

where


θ=

−2 log(1 − ε)
.
1 − ρ2

(5)
Fig. 2. Computational components C1 , C2 , and C3 of the RS decoding
process.

(6)

Equation (5) can be used as an approximation for the functional
relationship between the Markov parameters and the average PER.
This Markov approximation takes the average PER and the speed of a
fading process as the input parameters and is used in conjunction with
the detailed threshold model to describe the behavior of the block-error
process produced by a fading channel. It is a useful tool to simplify the
performance evaluation of higher layer protocols.
The preliminary step to use this approximation is, therefore, to determine the inputs of the threshold model, which are the average PER

). In particular,
ε and normalized version of the Doppler frequency (fD
the average PER depends on the details of the modulation/coding
scheme used and the physical-layer packet sizes. By considering
the signal-to-noise ratio (SNR) of the forward data channel, types
of modulations, code rate, and the physical-layer packet size, the
average PER experienced by the mobile is obtained using the coded
modulation library (CML) from the Iterative Solutions [22], which is
an open-source library for simulating turbo codes in MATLAB. The
CML contains support for block turbo codes while supporting various
modulation formats, as well as channel types such as additive white
Gaussian noise and block Rayleigh fading. It even incorporates the
CDMA2000 turbo code, which makes the simulation of CDMA2000
turbo encoding and decoding very straightforward.
B. Measuring the Execution Time of RS Decoding
RS decoding can be carried out with either the software or specialpurpose hardware. The major difficulty in software implementations is
that general-purpose processors do not support Galois field arithmetic;
however, their advantage is that there is no need for special hardware.
In addition, software implementation of the RS decoder allows the
legacy systems to be relatively easily upgraded by changing their
firmware. Recent improvements in the RS algorithms, together with
the increases in the processor performance, indicate that software
implementations can now run at relatively high data rates.
We used a software implementation of the RS erasure decoder,
which is highly optimized for speed, memory, and platform, particularly with respect to the Berlekamp algorithm [23]. An optimized
version of the Berlekamp algorithm called Berlekamp–Massey [24]
is an efficient way of finding the shortest linear feedback shift

register (LFSR) for a given output sequence. A slightly modified
Berlekamp–Massey algorithm, which solves the equivalent problem
of obtaining the smallest polynomial that describes a linearly recurrent
sequence, has recently been suggested [25]. A sample implementation
provided by Henry Minsky [26] and managed by the SourceForge
software development and revision control system was used in our
experiments.
Previously [12], we analyzed the RS decoding process in detail and
derived a simplified model of the time that it requires. In our model,
the process is split into three computational components, as shown in
Fig. 2: C1 computes the syndrome of a received codeword to determine
whether there are any erasures at all and then decides whether to
try to correct them; if erasures are present, C2 builds the syndromes
needed to correct them, and C3 performs the loops required to make
the corrections. Thus, C1 operates on every codeword received, C2
is called once for each codeword that contains erasures, and C3 is
repeatedly invoked until no more erasures remain in that codeword.
(N,K)
(z) is
An ECB subblock is a group of 125 codewords, and Tsb
the time required to decode an ECB subblock that has been encoded
with an (N, K) code, when that subblock contains z packet erasures.
If the value of z is larger than 0 or less than or equal to (N − K), then
the total processing time can be determined as follows [12]:
(N,K)

Tsb

(N,K)

(z) = T1

(N,K)

+ T2

(N,K)

+ zT3

(7)

(N,K)

is the time taken by the ith component to decode an
where Ti
ECB subblock containing a single packet erasure. However, if the
(N,K)
(z) is equal
value of z is zero or larger than (N − K), then Tsb
(N,K)
(N,K)
. Values of Ti
were experimentally measured using the
to T1
SEE and are presented in Table I.
III. A NALYTIC M ODEL OF THE R ELATIONSHIP B ETWEEN D ELAY
AND B LOCK I NTERLEAVING
Fig. 1 shows that the amount of block interleaving also affects
the Markov description of consecutive packets in an ECB subblock.
With M -block interleaving, there are M possible transitions of the
“channel state” that can take place between two consecutive packets
within a particular ECB subblock, because the threshold model that we
previously outlined assumes that the fading process remains constant
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TABLE I
T IME TAKEN BY E ACH C OMPUTATIONAL C OMPONENT TO D ECODE AN
ECB S UBBLOCK C ONTAINING A S INGLE PACKET E RASURE

When 1 ≤ z ≤ N − 1, the number of packet erasures within an ECB
subblock can also be predicted using the functions derived from (10)
and (11). Each of these functions is recursively executed, and eventually, an irreducible value is obtained, which is PGj (m, j − 1|Φ, Ψ) for
PG and PBk (m, 1|Φ, Ψ) for PB . These expressions can be expanded
as follows:
PGj (m, j − 1|Φ, Ψ) = PB1 (m, 1|Φ, Ψ)(1 − rM )j−2 rM

(14)

PBk (m, 1|Φ, Ψ) = PG1 (m, 0|Φ, Ψ)(1 − qM )k−2 qM

(15)

where (2 ≤ j, k ≤ N ). The terms PG1 (m, 0|Φ, Ψ) and PB1 (m, 1|Φ, Ψ)
are the probabilities that delivery of the first packet in the mth (m ≥ 2)
ECB subblock either succeeds or fails, respectively, and are equal to
for the duration of one packet. A binary Markov process for the
threshold model is shown [19] to be an adequate approximation for
Doppler speeds between about 1 and 70 m/s. On the basis that we are
considering speeds within this range, the resulting Markov transition
parameters (qM , rM ) can be determined from the following relation:



1 − qM
qM

rM
1 − rM





Δ

=

1−q
q

r
1−r

M

.

(8)

Subsequently, to utilize the timing model (7) and the results obtained from it, as described in the previous section, we need to estimate
how many erasures each ECB subblock can contain. By assuming
that each ECB subblock consists of N packets, we can determine
the probability of the mth ECB subblock (1 ≤ m ≤ M ) containing z
erasures in N packets, depending on the channel condition Φ, which is

), as well as on the transmission status
represented by the tuple (ε, fD
of the first packet in that ECB, which is represented by Ψ (can be
(G)ood or (B)ad), as follows:
P N (m, z|Φ, Ψ) = PGN (m, z|Φ, Ψ) + PBN (m, z|Φ, Ψ)

(9)

where PGN (m, z|Φ, Ψ) and PBN (m, z|Φ, Ψ) represent the probability
that the mth ECB subblock contains z erasures in N packets when
the transmission of the N th packet in that subblock is successful
or corrupted, respectively, indicating that the events are mutually
exclusive. These two probabilities are given as follows:
PGN (m, z|Φ, Ψ)
rM PBN −1 (m, z|Φ, Ψ)
=
+(1 − qM )PGN −1 (m, z|Φ, Ψ),
0,
PBN (m, z|Φ, Ψ)
(1 − rM )PBN −1 (m, z − 1|Φ, Ψ)
=
+qM PGN −1 (m, z − 1|Φ, Ψ),
0,

PG1 (m, 0|Φ, Ψ) = (1−qm )PG1 (1, 0|Φ, Ψ)+rm PB1 (1, 1|Φ, Ψ) (16)
PB1 (m, 1|Φ, Ψ) = qm PG1 (1, 0|Φ, Ψ)+(1 − rm )PB1 (1, 1|Φ, Ψ) (17)
where the initial variable PG1 (1, 0|Φ, Ψ) and PB1 (1, 1|Φ, Ψ) represent
the probability of the transmission status of the first packet in that
particular ECB as being successful or a failure, respectively. When
the average PER is ε, the probability of successful delivery is 1 − ε
and PG1 (1, 0|Φ, G) = 1 − PB1 (1, 1|Φ, G) = 1, and the probability of
failure is ε and PG1 (1, 0|Φ, B) = 1 − PB1 (1, 1|Φ, B) = 0. Finally, the
probabilities that the mth (1 ≤ m ≤ M ) ECB subblock contains z
packet erasures P N (m, z|Φ) can be expressed in terms of the previously defined quantities, i.e.,
P N (m, z|Φ) = P N (Φ, Ψ = G)P N (m, z|Φ, Ψ = G)
+ P N (Φ, Ψ = B)
P N (m, z|Φ, Ψ = B) = (1 − ε)P N (m, z|Φ, Ψ = G)
+ εP N (m, z|Φ, Ψ = B).

(18)

Thus, using (N, K) RS codes, the expected delay caused
by RS decoding of an ECB under various channel conditions

, N, K, M ] can be predicted using
E[delay|ε, fD
M

N


E [delay|ε, fD
, N, K, M ] =

(N,K)

Tsb

(z)P N (m, z|Φ).

m=1 z=0

(0 ≤ z ≤ N − 1)
(z = N )
(10)

(1 ≤ z ≤ N )
(z = 0).
(11)

As it is obvious that the values of PGN (m, N |Φ, Ψ) and
PBN (m, 0|Φ, Ψ) are zero, we can obtain the probabilities that the mth
ECB subblock, consisting of N packets, contains zero or N packet
erasures (i.e., z = 0 or N ), depending on the transmission status of
the first packet of the ECB Ψ as follows:
P N (m, 0|Φ, Ψ) = PGN (m, 0|Φ, Ψ)
= PG1 (m, 0|Φ, Ψ)(1 − qM )(N −1)

(12)

P N (m, N |Φ, Ψ) = PBN (m, N |Φ, Ψ)
= PB1 (m, 1)(1 − rM )(N −1) .

(13)

(19)
IV. E VALUATION OF THE R ESULTS
It has been reported [4] that wireless coverage significantly shrinks,
even when using a (32,24) RS code, as the data rate is raised from
614.4 to 1228.8 kb/s, for mobiles in both pedestrian and vehicular
situations. We will therefore assume the use of quadrature phaseshift keying (QPSK) modulation and a data rate of 614.4 kb/s, for a
forward broadcast channel encoded with a turbo code with a rate of one
third. The modulation and data rate used in the forward traffic channel
[27] determine the size of each physical-layer packet, which is 128 B
(NBL = 128) for the modulation, coding, and data rate considered in
our study.
We use a hybrid approach to analyze the delay incurred by RS
decoding and consider the threshold model to give a good estimate
of the Markov parameters p, q, r, and s for the broad range of the

. We can obtain a
two system parameters PER and Doppler speed fD
PER by simulation using CML [22], which contains support for the
CDMA2000 turbo code and a fading channel. From that PER, we can
then derive the parameters of the Markov chain using the threshold
model, which then form part of our model of the delay in MAC-layer
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Hybrid framework for analyzing the MAC-layer delay in mobile receivers.
TABLE II
E XAMPLE PARAMETERS OF THE M ARKOV M ODEL

Fig. 4. Effect of turbo coding on the average PER for varying values of
the SNR.

RS decoding, as shown in Fig. 3. We have also run fuller simulations
using CML, in which we simulate both turbo and RS decoding, on top
of the fading channel. We will compare the results obtained by these

that we considered were 0.01 and
two approaches. The values of fD
0.1, corresponding to speeds of about 2 m/s (slow fading) and 20 m/s
(fast fading), respectively, with a carrier frequency of 900 MHz and
a reference data rate of 614.4 kb/s [28]. Each packet received at the
mobile is filled into the ECB in rows over a period of 1 s, and decoding
is then carried out along the columns. All the codewords were encoded
with the RS code (32,24). The value of M affects the level of block
interleaving, and we tried values of 2, 4, 8, or 16.
Fig. 4 shows the average PER for different values of the SNR,
when the inner code rate is one third and the physical-layer packet
size is 1024 bits. These results, which were obtained from the CML
turbo coding simulation, illustrate the performance of turbo coding in
CDMA2000. Thus, for example, we can see that the resulting average
PER varies between 0.001 and 0.1 as the value of the SNR for each
QPSK symbol varies between −1.414 and −0.95 dB. The parameters
of the Markov model when the SNR of the forward data channel is

are 0.01 or 0.1 can be found
−1.414 or −0.95 dB and the values of fD
in Table II.
Fig. 5 shows values for the average delay incurred by RS decoding of a single ECB subblock, which illustrates the effect of block
interleaving on delay. In Fig. 5, we compare the brute-force and the
proposed hybrid methods to assess the accuracy of our approach. The
discrepancy between the methods reaches 8% in the worst case, due to
the shortcomings of the threshold model, which does not consider the

implications of a particular inner turbo code, and is limited to uncoded
coherent phase-shift keying and noncoherent frequency-shift keying.
Nevertheless, we are satisfied to an extent with the results obtained
from the hybrid analytic method, which approximate those obtained
by full end-to-end simulation reasonably well, as shown in Fig. 5. This
shows that the performance of a turbo code can adequately be modeled
by a threshold model that determines the chance of a block being
successfully received by considering the value of the fading envelope
to a given threshold. The adequacy of the model is more clearly shown
in Fig. 4, in which we see that the PER drops from 1 to 0 in response
to an increase in SNR of only 2 dB (from −2.5 dB to −0.5 dB).
The average delay incurred by RS decoding of an ECB subblock
increases as the SNR drops to a threshold at which it is no longer
possible to recover all the errors. If further errors occur, the RS
decoder gives up on error correction, and the expected delay sharply

drops. The slower one of our example mobiles with a smaller fD
experiences longer error bursts with relatively long error-free intervals
between them. Conversely, the mobile that is subject to faster fading
experiences shorter but more frequent error bursts so that the errors
are more sparsely distributed within the ECB for the same value of
the SNR. As the second component C2 of the RS decoder takes much
longer to run than the other two computational components [12], the
mere presence of errors has more effect on the delay than their number
in an ECB. Thus, although the expected delay in the faster mobile is
longer than that in the slower mobile (see Fig. 5), saturation eventually
occurs in both mobiles for any given PER when the error bursts are
sufficiently interleaved by a large value of M .
Additionally, the average delay is longer for larger values of M ,
because the probability that an ECB subblock contains any corrupted
packets is higher if the ECB is larger. Conversely, when M is small,
error bursts are concentrated into some ECB subblocks, whereas others
that are transmitted under the same channel conditions contain no
errors at all; as a result, the average delay incurred by RS decoding
of a single ECB subblock decreases. However, this delay eventually
saturates when the ECB becomes large enough to provide sufficient
interleaving to completely counter the error bursts. This saturation
point comes sooner for the faster mobile.
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 = 0.01). (b) 20 m/s (f  = 0.1).
Fig. 5. Expected delay incurred in RS decoding of a single ECB subblock. (a) 2 m/s (fD
D

V. C ONCLUSION
RS codes have been adopted as a method of FEC in the MAC
layer for multimedia broadcasting in the CDMA2000 cellular network
environment. We have evaluated the delay that RS decoding imposes
on data transmission over a fading channel, taking into account the
channel conditions that a mobile is likely to experience and the
levels of block interleaving that are available. For this purpose, we
have formulated a hybrid method and validated its accuracy. In this
approach, a PER is obtained by simulation and then used to derive the
parameters of the Markov model; finally, we were able to determine
the average delay incurred by RS decoding, using an analytic model
that we have developed. This method is extensible, because it has a
modular architecture, allowing different designs of each module to be
plugged in easily so that the expected performance of new wireless
systems can be predicted.
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