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Abstract— This paper investigates the implementation of forward error correction algorithms on symmetric multiprocessor (SMP) platforms. The focus lies
on the Viterbi algorithm (VA) for decoding of convolutional codes. Two aspects will be discussed: How can
the VA be implemented on the SMP and how can the
decoding complexity be adapted regarding the number
of transmission errors? These questions lead to an alternative decoding concept based on syndrome decoding, called block syndrome decoder (BSD). The BSD
is compared to alternative parallel implementations of
the VA in terms of bit error rate (BER) and achievable
speedup on the SMP platform
Index Terms— Viterbi Algorithm, Syndrome Decoding, Adaptation, Multicore, SDR.

I. I NTRODUCTION
Due to limited battery capacity, the energy efficiency of a mobile radio receiver implementation
is a crucial factor. With a focus only on energy
efficiency, an application specific integrated circuit
(ASIC) based implementation would be the best
choice [1]. However, ASICs have several drawbacks:
Their development is expensive and time consuming.
It is not possible to apply bug fixes or updates once
a product is finished. And they provide a low flexibility when dealing with multiple new transmission
standards and cognitive radio approaches. All these
aspects led to the idea of a software based receiver
implementation, the Software Defined Radio (SDR)
[2].
To apply the SDR approach to mobile devices, platforms with high energy efficiency are required. Several concepts were proposed, which are mainly based
on parallel signal processing, e.g. SIMD (Single Instruction Multiple Data) architectures, vector processors or multi processor architectures. The latter can
be divided into symmetric (SMP) and asymmetric
(AMP) architectures. While the AMPs, like e.g. TI’s

OMAP [3], have specialized cores for specific computation tasks, the SMPs are usually composed of
general purpose processors. For our investigations we
focus on an SMP system based on ARM’s MPCore
embedded multi core processor [4].
This paper deals with the implementation of a forward error correction (FEC) algorithm on such an
SMP platform. The focus on FEC has two reasons:
First, FEC is one of the tasks with highest computational complexity in a radio receiver implementation [5] and second, it offers several degrees of freedom for parallel implementations. Common algorithms used in FEC are the Viterbi Algorithm (VA)
for decoding convolutional codes and the MaximumA-Posteriori algorithm (MAP) for Turbo decoding.
Both algorithms are based on the trellis representation of the respective encoder. As their structure is
related, we will focus on the VA for decoding convolutional codes. The results can be easily extended to
MAP decoding.
Two aspects will be considered in this paper: How
can the VA be implemented on the SMP in an efficient way and how can the high flexibility of an SDR
be exploited to adaptively reduce the computational
effort of the algorithms.
Parallel implementations of the VA are well known
in VLSI design. Several Viterbi processor designs
were proposed, e.g. the canonic cascade Viterbi Decoder [6], the fully parallel bit-serial decoder [7] or
a reconfigurable multi processor design [8]. These
processors were specifically designed for the VA and
are not suitable for general purpose computations. In
contrast, with the SMP given we have to adapt the VA
to fit onto this particular platform.
An implementation of the VA on an SMP platform
requires a sufficiently high granularity, as permanent
communication and synchronization between the processors will degrade the speedup. In [5] it was shown

that partitioning the decoding process in state direction, i.e. each core processes different trellis states,
yields a significantly lower speedup than partitioning
in time direction, i.e. each core processes a different
part of the received sequence.
One option to achieve a partitioning in time direction is to modify the encoder and to periodically
force it into a certain state, by either inserting zero
sequences into the stream of information bits or just
resetting the encoder to a certain state (zero-state)[9].
If the intervals are known to the decoder, the received
sequence can be separated into blocks accordingly.
However, these approaches lead to a reduction of
the code rate or a degradation of the decoding performance, respectively. Another approach for block decoding is to separate the received sequence into overlapping blocks and to decode these blocks independently. This general principle has been called sliding
block decoding [10], overlap-add Viterbi algorithm
[11] or sliding block Viterbi decoder [12]. It is also
applied in the minimized method presented in [13].
Two drawbacks can be identified regarding the
overlapping VA: First, an overhead is introduced by
decoding overlapping parts of the received sequence.
This overhead will limit the achievable speedup. Second, the VA has to process the whole received sequence, even if few or no errors occurred during transmission. The decoding complexity remains constant.
These drawbacks are addressed in an alternative
decoder concept based on syndrome decoding (SD)
[14]: With SD error-free parts of the received sequence can be identified and the VA is only applied
to erroneous parts of the sequence. This significantly
reduces the computational demand of the decoder for
good transmission conditions, i.e. high SNR. While
this adaptive behavior regarding the SNR is difficult
to exploit in ASIC implementations, it is perfectly
suitable for SDR implementations. Parallel decoding
benefits from SD as well, because it allows to partition the received sequence without any overlapping
overhead. This property leads to the so-called Block
Syndrome Decoder (BSD) [15]. The total achievable
speedup S in decoding time of the BSD compared
to the conventional Viterbi decoder has two independent origins: The speedup SP ar that can be achieved
by a parallel implementation and the speedup SSN R
that arises from the saved decoding operations due to
error-free parts in the received sequence.
The paper is organized as follows: In Section II,
the main principles of overlapping Viterbi decoding
are reviewed. The Block Syndrome Decoder (BSD)
will be presented in Section III. In section IV we will

focus on the implementation details and the MPCore
processor platform, which is used for performance
evaluation in terms of speedup. Final conclusions are
drawn in Section V.
II. V ITERBI D ECODING
In this section, the conventional Viterbi decoder
and the overlapping Viterbi decoder are briefly described.
A. Basic Principles
Assume an information sequence u is encoded with
a generator matrix G and transmitted over a channel.
With e representing the channel error, the received
sequence can be expressed as
r = uG ⊕ e = v ⊕ e,

(1)

where v is the encoded sequence. The decoding problem can then be written in terms of an optimization
problem:
minkêk,
(2)
i.e. to find an estimate of the information sequence û
with minimum estimation error ê, where
ê = r ⊕ ûG = r ⊕ v̂.

(3)

In Viterbi decoding [16] the problem (2) may be
formulated as
minkr ⊕ v̂k = minkr ⊕ ûGk,
v̂

û

(4)

where ê has been substituted by (3). This optimization problem is solved by applying the VA to search
the trellis of the encoder G for the code sequence
v∗ = u∗ G with minimum distance to the received
sequence r.
B. Overlapping Viterbi Decoder
If parallel decoding is desired, a possible approach
is to separate the received sequence r into blocks and
distribute these block to the parallel processors. However, the encoder introduces continuous dependencies
between successive code symbols, i.e. realizing a partitioning is not straight-forward.
A basic idea to tackle this problem and to achieve
parallel, high-speed implementations has been presented in [10] with the so called sliding block decoder. The idea is, to “cut” blocks out of the received
sequence and determine a decoded symbol for every
block. While [10] applies look up tables for decoding,

other approaches employ the VA for decoding the extracted parts (cf. [11], [12], [13]).
However, it is known that the blocks have to overlap to a certain extend to make them independent
from each other and to achieve optimal decoding
performance in maximum likelihood sense. The required minimum overlapping length is governed by
two parts: The acquisition depth and the truncation
depth. Fig. 1 illustrates the composition of a block

drawbacks can be identified regarding the overlapping VA: First, the overhead will limit the achievable speedup. Second, the VA has to process the
whole received sequence, even if few or no errors occurred during transmission. It is therefore interesting
to investigate how the necessity of overlapping could
be avoided without modifying the encoder and how
the decoding complexity can be adjusted for different transmission conditions. One approach to address
these drawbacks is based on syndrome decoding.
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Fig. 1. Composition of a trellis block.

with overlapping parts:
• Acquisition part. Because of the unknown initial state and metric, the first part of the block
consists of an acquisition part of length A where
the state metrics are dependent of the unknown
initial metrics. After A steps the metric can be
assumed to be independent from the initial metrics. This is likely the case for A = 5ν [17],
where ν is the constraint length of the code.
• Decoded part. The middle part of length N is
the part where symbol estimates are delivered.
• Truncation part. When starting the traceback
from the end of the block with unknown final
state, the traceback length D = 5ν is the number of steps after which all paths have most likely
merged [18].
The additional minimum number of received symbols
required to decode N symbols from an encoded sequence is A + D = 10ν. Depending on the length
of the decoded block N this means a considerable
computational overhead, which can significantly reduce the achievable speedup. For a frame of length
B that is decoded as P overlapping blocks with size
N = B/P on P parallel processors the maximum
achievable speedup is limited by

SP ar =

t1
=
tP

B
B
P

+

(P −1)(A+D)
P

=

P
1+

(P −1)10ν
B

.

(5)
Here t1 denotes the execution time on one core and
tP the execution time on P cores. Furthermore, it is
assumed that the frames are terminated, i.e. A = 0
for the first block and D = 0 for the last block. Two

The proposed syndrome decoder is based on
Schalkwijk’s syndrome decoder presented in [14]. Instead of searching for v̂ directly, the syndrome decoder searches a sequence e∗ , which corrects the errors in r. The according constrained optimization
problem can be stated as
n

o

e∗ = arg min kêk | rHT = êHT ,
ê

(6)

where HT is the syndrome former matrix and rHT =
b the syndrome of r. The equivalence to (4) can easily be verified by inserting (3) into (6). The syndrome
former HT is defined to be orthogonal to the generator matrix of the used code and thus to all code sequences. So it holds that
b = rHT = (v ⊕ e)HT = uGHT ⊕ eHT = eHT
and it is obvious that the syndrome only depends on
the error sequence.
The optimization problem (6) is solved by applying the VA to search the trellis of the syndrome former HT for the error sequence e∗ , which satisfies
e∗ HT = b and has minimum weight1 . The estimated error sequence e∗ is then used to correct the
transmission errors in r. Finally the estimation of the
information sequence is obtained by multiplication
with the right inverse of the generator matrix G−1 ,
u∗ = (r ⊕ e∗ )G−1 .
We summarize the following important properties
of the syndrome decoder:
First, as mentioned above the syndrome only depends on the transmission errors. Error-free parts in
the received sequence will lead to zero sequences in
1

While the original paper [14] only considered hard-decision
decoding, the modification of the decoder metric allows also softdecision decoding [19]. Furthermore, the syndrome decoding approach can be extended to enable MAP decoding.

the syndrome. Thus error-free periods in the received
sequence can be identified by detecting parts of consecutive zeros with sufficient length in the syndrome
sequence. This allows the detection of error-free periods before the actual decoding happens, i.e. only erroneous parts of the received sequence have to be processed by the VA. This significantly reduces the decoding complexity for good transmission conditions,
i.e. high SNR [20].
Second, the additional operations for syndrome
computing and the application of the inverse generator matrix are simple XOR-operations and thus of
negligible complexity compared to the VA. Consequently, the worst case complexity of the conventional Viterbi decoder and the SD are basically identical.
Third, if we assume that all transmitted information sequences have equal probability, then all code
sequences, all paths through the encoder trellis and
consequently all trellis states will have equal probability. The SD is based on the idea of estimating
error sequences instead of the code sequences and using this estimate to correct the transmission errors.
This leads to decoding with unbalanced state probabilities because the state probabilities now depend on
the transmission errors and no longer on the information sequence. In error-free parts the decoding path
traverses a certain trellis state with high probability.
This state with all zero register contents and a leaving
edge with input/output bits all zero is referred to as
the “zero-state” in the following. In the Block Syndrome Decoding (BSD) approach proposed in [15],
error-free parts are identified before decoding and the
sequence is separated into bocks with the known initial and final state being the zero-state.
B. Block Syndrome Decoder
The principle of the BSD for parallel decoding is
illustrated in Fig. 2. First the syndrome sequence is
analyzed and parts with a sufficient number of consecutive zeros are identified (“all-zero parts”). Using
this information, the received sequence is separated
into blocks with initial and final state being the zerostate. The resulting blocks can then be distributed to
the decoders. In this example the number of blocks
equals the number of decoders, but one could clearly
use an arbitrary (smaller) number of decoders along
with a simple scheduling scheme to distribute the resulting blocks to the decoders.
A critical part of the BSD is how to decide from the
syndrome sequence at which points a separation of
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Fig. 2. Overview of the proposed block decoding approach.
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the received sequence is possible. Therefore, the following design parameters are defined: The parameter
ℓmin is defined to be the minimum number of consecutive 0s in the syndrome sequence required for a
separation. That is, whenever a sequence of consecutive 0s with length greater or equal to ℓmin is detected,
the received sequence is separated at this point. The
parameters ℓof f and ℓon define where exactly the previous block ends and where the next block starts: ℓof f
denotes the number of 0s in the syndrome sequence
at the end of a block, i.e. the number of stages until it can be assumed with sufficient probability that
the ML path has returned to the zero-state. The third
parameter ℓon is defined to be the number of 0s in
the syndrome sequence from the beginning of a block
to the first 1. Fig. 3 illustrates the meaning of these
parameters for a four state trellis, where values are
chosen as ℓof f = 3 and ℓon = 2.
The selection of the parameter set has an impact on
the performance in terms of bit-error-rate (BER) and
parallelization speedup: Choosing too small values
for ℓon , ℓof f or ℓmin will result in a degradation of the
BER. On the other hand, large values for ℓmin reduce
the amount of possible separation points, resulting in
longer blocks. Large values for ℓon and ℓof f reduce
the savings, that result from avoiding the decoding
of error-free parts between two consecutive blocks.
Suitable parameter sets can be determined from simulations results.
Compared to the overlapping schemes described in
Section II-B, in the proposed method the block length

is not fixed and cannot be determined before decoding. The block length in fact depends on the channel
error, i.e. the transmissions conditions: Good transmission conditions will allow separations more frequently and thus result in shorter block lengths, while
bad transmission conditions (more errors) will result
in longer blocks.
Hence, in a practical realization of the proposed
scheme the block length has to be limited by a suitable upper bound. This can easily be achieved by implementing overlapping as a fallback. This extension
of the BSD is refered to as BSD/OL in the following. For the BSD/OL the block length is limited by
partitioning blocks, whose lengths exceed a certain
upper bound, into overlapping subblocks. To avoid
degradation of bit-error-rate in this scheme the overlapping length between consecutive subblocks is set
to 5ν, as discussed in Section II-B for the overlapping
Viterbi decoder. Hence, the worst-case complexity of
the BSD and the conventional Viterbi decoder are basically identical.
As error-free and erroneous sequences can be identified it is reasonable to feed only those parts of the
received sequence into the decoders, which are actually erroneous. For the error-free parts no error sequence has to be determined. Compared to the conventional Viterbi Decoder, whose complexity is independent from the number of transmission errors, this
will result in an additional decoding speedup SSN R ,
which however depends on the transmission conditions. A good SNR will result in longer error-free sequences and thus allows higher speedups, while lower
SNR will result in shorter error-free sequences and
thus less speedup.
IV. M ULTI C ORE I MPLEMENTATION
P ERFORMANCE E VALUATION

AND

For evaluation the presented approaches were implemented as ”C” program and the resulting speedup
was determined on an ARM MPCore and, for comparison, on an Intel iCore7 SMP platform.
A. MPCore Architecture
The ARM MPCore architecture is based on 32-bit
integer RISC ARM 11 cores with a clock frequency
of 200 MHz. The evaluation platform consists of 4
identical cores. Each core can use 32 kB of dedicated level-1 cache for data and 32 kB for instructions. A shared second level cache of 1 MB, which
runs at core frequency, allows fast data exchange between the processors. A schematic of the MPCore
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Fig. 4. ARM MPCore Architecture.

platform is given in Fig. 4 [4]. A linux based operating system with modified SMP kernel is used for
resource management and scheduling. A tool-chain
with cross-compiler is used to translate the ”C” based
source code.
B. Implementation
The parallel implementation is based on the
pthreads library [21]. Multiple decoders are created
as P different threads. In case of overlapping Viterbi
decoding overlapping parts of the received sequence
are assigned to each decoding thread. Each time a
thread finishes decoding, a new overlapping part is
assigned. After decoding, the inner parts of each decoded block are extracted and reassembled to obtain
the final decoded output sequence. The received sequence of length L is divided into P parts and each
part is decoded as an independent thread. The traceback is realized within the thread.
In case of the BSD the syndrome analysis has to
be performed before starting the actual decoding process. Starting from the beginning of the syndrome
sequence, a counter is incremented for each detected
zero in the syndrome sequence and reset for each detected one. If ℓmin consecutive zeros are detected,
the thread will start decoding the detected block. If
the maximum allowed block length is reached without
finding ℓmin consecutive zeros, the thread will decode
the block using the overlapping method (BSD/OL
fallback). In this case a flag is set to prevent the next
active thread from starting in zero state. A pointer
is used to identify the last decoded element of the
received sequence. To avoid indeterministic behavior, the access to the pointers and flags are protected
by mutexes, i.e. only one thread can access these resources at a given time. It should be noted here, that
only the syndrome analysis has to be performed sequentially, while the decoding process itself can be
performed concurrently.
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To minimize the influence of operating system activity, all measurements were averaged over 2000 decoded blocks. The speedup is given for the described
MPCore platform and, for comparison, for Intel’s
iCore7 processor.
The additional speedup for the BSD compared to
the conventional Viterbi decoder depends on the SNR
and is defined as the quotient of the execution time
tV it of the conventional Viterbi decoder and the execution time tM dB of the BSD at an SNR of M dB on
a single core:
SSN R (M ) =

−3
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(8)

The simulation results were generated with the following parameter settings: The convolutional code
has a rate of R = 1/2 and ν = 6 registers. This
corresponds to 64 states. The frame length is set to
B = 1632 received symbols. These parameters were
chosen according to the DVB-T standard [22]. The
BSD parameters were set to ℓmin = 18, ℓon = 6 and
ℓof f = 6. The received sequence was partitioned into
P blocks, where P is the number of threads.
As stated in Section III-B the parameters ℓmin , ℓon
and ℓof f have to be chosen as a trade-off between
speedup and reduction of decoding operation on the
one hand and BER performance on the other hand.
Hence, the applicability of the chosen parameter set
is validated by BER simulations shown in Figure 5.
The results show that the BER performance is basically identical. A small deviation of about 0.1dB is
visible for BERs < 10−5 . This, however, is insignificant for most practical systems. The given parameter
set can be termed as quite conservative, smaller parameters can further increase the savings in decoding
operations at the price of slightly reduced BER performance.
As discussed in Section III the additional computational effort for syndrome calculation and application
of the inverse generator matrix can be considered as
insignificant compared to the VA operations. This assumption can be verified by the measurement results:
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From the total runtime of the decoder, only 1.48%
are consumed for syndrome calculation and another
1.30% for the application of the inverse generator matrix.
In Fig. 6 the parallel speedups SP ar for the two
decoder concepts running on the ARM MPCore and
iCore7 platforms are depicted. Note that only the
speedup SP ar is considered here, the influence of the
additional speedup SSN R is given in Figure 8.
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The multicore performance of the presented approaches in terms of speedup is evaluated using the
implementation described in the previous section.
The speedup of a parallel implementation is measured
as the quotient of the execution time for one thread t1
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With two threads both algorithms perform almost
perfectly and reach a speedup close to two. While the
BSD scales almost linearly for an increasing number
of threads, the gap between overlapping VA and BSD
increases. This is caused by the additional overhead
due to overlapping. From (5) the maximum speedup
for the VA running on 4 threads can be computed as
3.60, which conforms to the measurement results.
The results for 8 threads running on the iCore7 are
also given. Although the iCore7 has 8 logical cores,
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these cores are based on 4 physical cores using hyperthreading technology. Consequently the increase
of speedup is not linear anymore.
The ability of the BSD to separate the received sequence into blocks with known initial and final states
strongly depends on the number of errors. This also
has an impact on the multicore speedup as shown in
Figure 7.
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For low SNR only few and long blocks can be detected, which forces the BSD into the overlapping
fallback mode (BSD/OL). In this case the speedup is
identical to that of the overlapping Viterbi decoder.
For higher SNR more suitable blocks can be found
and the speedup approaches the theoretical limit. Interestingly, for very high SNR the speedup by parallel implementation decreases. For very high SNR
only few very short blocks have to be decoded, while
the bigger part of the received sequence is error-free.
In this case more time is spent for finding suitable
blocks in the syndrome than for the actually decoding
process. This preprocessing, however, has to be performed sequentially, as mentioned in Section IV-B.
Hence, the benefit from parallel implementation decreases for very high SNR. This behavior, however, is
irrelevant for a practical implementation, because the
additional speedup generated by saved decoding operations clearly exceeds the speedup by parallel implementation. This additional speedup is shown in
Figure 8 (lower curves).
For increasing SNR the savings in decoding operations result in a significant decoding speedup compared to the conventional VA, whose complexity is
constant for all SNR. The savings in decoding complexity are unpredictable and depend on the transmission conditions. Hence, the receiver needs the flexibility to adapt to different conditions in order to ex-

ploit this property of the BSD. In a mobile terminal
SDR implementation this can result in significant energy savings, when the transmission conditions are
good enough.
In Figure 8 (upper curves) the total speedup
V it
= SP ar SSN R is shown. As mentioned beS = ttBSD
fore, the contribution from parallel implementation
decreases for very high SNR. However, the contribution from speedup by reduced decoding operations is
significantly increased. Using all 4 cores of the MPCore platform a speedup of almost 30 compared to the
conventional VA can be reached for very high SNR.

V. C ONCLUSIONS
The implementation of decoding algorithms for
convolutional codes on symmetric multiprocessor
platforms, namely ARM’s MPCore and Intel’s
iCore7, has been investigated. While both algorithms
show a significant speedup in a parallel implementation, the block syndrome decoder outperforms the
overlapping Viterbi decoder due to its avoidance of
overlapping overhead. This leads to an almost linear
increase in speedup regarding the number of available
cores. The further reduction of decoding operations
for received sequences with only few errors lead to
a significant accumulated speedup compared to the
conventional Viterbi decoder. This adaptive behavior
can be particularly exploited in SDR approaches. It
should be mentioned here that the speedup by reduction of decoding operations can be further increased
by choosing smaller values for ℓmin . This parameter
can be reduced if only a specific BER is required as in
[23] or a code with shorter constraint length is chosen.
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