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Abstract—Convolutional codes are still prevalent in digital
broadcasting systems, like DVB-T, DVB-H, DAB, DMB and
DRM. This paper presents an adaptive and complexity reduced
decoding algorithm for CCs. The proposed algorithm is based on
the earlier proposed block syndrome decoder (BSD) and features
a significant reduction of decoding effort depending on the
current channel conditions. Additionally it is capable of adapting
its output bit error rate to a given threshold to achieve a further
reduction of decoding complexity. For this purpose, an SNR
estimation is incorporated to achieve an adaption of decoding
performance to a given bit error rate threshold in dynamic SNR
environments. This is especially useful for the widely used serially
concatenated coding schemes, which is demonstrated by means
of the terrestrial DVB system.
Index Terms—Convolutional Codes, Syndrome Decoding, Serial Concatenation, Adaptive Decoding, DVB

I. I NTRODUCTION
Convolutional codes (CC) are still widely used as forward
error correction (FEC) codes in today’s broadcasting systems, e.g. DVB-T, DVB-H, DAB, DMB and DRM. Recently
receivers for these broadcasting systems are also integrated
into battery powered devices, where the power consumption
of the signal processing algorithms is a governing factor.
Considering this, complexity reduction in baseband signal
processing algorithms is an important issue.
One of the tasks with highest computational complexity in
baseband processing is FEC decoding using the Viterbi Decoder (VD) [1]. The error correction capabilities are improved
for a longer memory length of the CC, however, the decoding
complexity in terms of trellis states grows exponentially with
the memory length: Better codes lead to higher decoding
effort. Furthermore, the VD cannot benefit from good channel
conditions, i.e. its complexity does not depend on the number
of errors actually corrected.
A modification of the Viterbi algorithm (VA) that tackles
these problems is the T -algorithm [2]. The T -algorithm reduces the number of trellis paths by only keeping those paths,
which are better than a predefinded threshold regarding their
metrics. This does not only reduce the number of required addcompare-select (ACS) operations, but also leads to an adaption
of decoding complexity to channel conditions: A bad channel

with a large number of errors to be corrected requires a higher
number of trellis paths to be considered, while good channel
conditions result in larger metric deviations and a smaller
number of paths.
In practical systems, the question arises, which bit-errorrate (BER) is actually required after the VD: In case of
serially concatenated coding schemes with the CC being used
as the inner code, as found in DVB-T, DVB-H and DMB,
this question can be answered by analyzing the performance
of the outer decoder. The latter will deliver “quasi-error-free”
(QEF) outputs if its input BER is smaller than a certain lower
threshold and it will not improve its output BER, but even
increase it, if its input BER is greater than a certain upper
threshold. These lower and upper BER thresholds are termed
LBER and UBER in the following. The consequence of this
observation is, that the decoding effort of the inner decoder can
be reduced in two cases: Firstly, if the output BER is worse
than the UBER. In this case the inner decoder can be switched
off, because the outer decoder’s output is useless anyway. This
can reduce energy consumption for temporary bad reception
conditions, e.g. when passing a tunnel. Secondly, if the output
BER is better than the LBER. In this case the decoder can
reduce its decoding effort and ideally adapt its output BER to
the LBER. This can reduce energy consumption under good
reception conditions. A decoder, which implements this idea,
needs a method both to determine the current SNR (and with
it its current output BER) and to adaptively increase its output
BER up to a given threshold in favor of the decoding effort.
The T -algorithm can be used to implement this behaviour:
In [3] the authors propose the adaption of the threshold
and the truncation length, depending on SNR estimates. This
leads to trade-off between decoding effort and error correction
capability.
In this work another approach to adaptive decoding, based
on the block syndrome decoder (BSD), which was previously
considered for efficient parallel decoding [4], is presented.
Compared to the T-algorithm, this approach can reduce its
effort to almost zero in the best case and can use a standard
implementation of the VA.
This paper is organized as follows: In Section II the basic
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principles of the BSD for convolutional codes are explained.
This includes the background on syndrome decoding, its extension to punctured convolutional codes and the segmentation of
the received sequence using the syndrome sequence. If used
in transmission systems that require a specific BER and do
not benefit from further BER reduction, the complexity of the
block syndrome decoder can be further reduced by introducing
an adaptive behavior. This adaption to a specific BER is
described in Section III. The achievable BER performance and
complexity reduction of the proposed method are investigated
using simulations. The simulation results are presented in
Section IV. Conclusions are drawn in Section V.
In the following matrices and vectors are polynomial in
D, where D is a delay operator. They are denoted by bold
upper (e.g. G) and lower case (e.g. b) letters, respectively.
Their corresponding time domain matrices and vectors are
underlined, e.g. b. The operator ⊕ denotes addition in GF (2).
II. B LOCK S YNDROME D ECODER FOR C ONVOLUTIONAL
C ODES
A. Syndrome Decoding of Convolutional Codes

(1)

where the 1×n vectors v, e and r represent encoded sequence,
transmission error and received sequence, respectively. Defining an n × (n − k) matrix HT , which is orthogonal to the
generator matrix, GHT = 0, a 1 × (n − k) vector b can be
calculated as follows:
b = rHT = uGHT ⊕ eHT = eHT

(2)

The vector b is denoted as the syndrome of the transmission
error, as it solely depends on the transmission error e. The
matrix HT is therefore called the syndrome former. In ML
decoding the code sequence with minimum distance to the
received sequence has to be computed. This is equivalent
to computing the error sequence ê with minimum Hamming
weight, that at the same time yields that r ⊕ ê is a valid
codeword. The latter condition can be written as
(r ⊕ ê) HT = 0 ⇔ rHT = êHT = b.

(3)

Thus the decoding problem can be formulated as

ê = arg min k e k | eHT = b ,

(4)

e

n−1
X

(t)

(t)

ei |ri |,

where the operator k · k denotes a suitable metric, e.g. the
Hamming metric for hard decision decoding. The optimization

(5)

i=0
(t)

(t)

where ei and r i denote i-th error bit and received soft bit in
time domain, respectively. In terms of ACS operations solving
(4) is of the same complexity as the Viterbi decoding problem,
because the trellis complexities of G and HT are identical for
minimal realizations [6]. After solving (4), the ML information
sequence is computed as
û = (r ⊕ ê) G−1 ,

(6)

where G is the right inverse of G.
For a given code, the matrices G−1 and HT can be
calculated from the invariant factor decomposition (IFD)[7]
of the generator matrix. The IFD of G is given as
−1

G = AΓB,

The syndrome decoder has been proposed by Schalkwijk
et al. as an alternative maximum likelihood (ML) decoder for
CCs [5]. In contrast to the VD, which estimates the ML code
sequence for a given received sequence, the syndrome decoder
computes the most likely error sequence. This error sequence
is then used to correct the transmission errors.
Let us first briefly review the syndrome decoding algorithm:
Given a k/n-rate convolutional code with k × n-generator
matrix G, the encoding and transmission of an information
sequence represented by a 1 × k vector u can be written as
r = uG ⊕ e = v ⊕ e,

problem (4) can be solved by using the Viterbi algorithm (VA)
to search the trellis of the syndrome former corresponding to b
for the path with minimum weight. For soft decision decoding
the VA’s branch metrics at time instant t can be computed as

(7)

where A and B are invertible scrambler matrices with unit
determinant. The inverse of B can be partitioned as

(8)
B−1 = G−1
HT .
b
Thus the right inverse Gb −1 of the equivalent generator matrix
Gb of G and the syndrome former HT can be identified as the
first k columns and the last n−k columns of B−1 , respectively.
The right inverse of G can be computed from G−1
b following
−1
G−1 = G−1
,
b A

(9)

where a basic encoder is assumed, i.e. Γ = (Ik 0). For k = 1
the special case G−1 = G−1
holds.
b
In most digital broadcasting scenarios, like in the DVB-T or
DVB-H systems considered in this work, punctured convolutional codes (PCCs) are used. By puncturing codes with higher
code rate can be constructed from lower rate (usually rate 1/n)
mother codes using certain puncturing patterns. This is realized
by deleting specific bits from the encoded data sequence prior
to transmission according to the chosen puncturing pattern.
PCCs can be decoded by the VD with the same complexity as
the mother code, by simply inserting zeros into the received
sequence according to the puncturing pattern. However, the
insertion of zeros is not directly applicable to SD: Syndrome
decoding depends on the orthogonality of the transmitted code
sequence to the syndrome former HT , which does not hold
for a punctured code sequence and the syndrome former of
the mother code.
Nevertheless, the SD is capable of decoding the PCCs used
in this work with same complexity as the VD: This is achieved
by constructing a suitable trellis representation for each PCC.
The first step is to include the puncturing pattern of rate
(n − 1)/n into the generator matrix (cf. [8]), which results
in the (n − 1) × n generator matrix Gp of the PCC. Using the
IFD the corresponding n × 1 syndrome former HTp for this

PCC can be computed. In the next step the trellis for HTp is
constructed, which has 2n−1 edges merging into each trellis
state. To reduce the complexity of the trellis one section of
the syndrome former trellis is divided into n − 1 sections with
only 2 edges merging into each trellis state. Using this trellis
together with the syndrome former HTp , the SD can decode
the PCCs used in this paper with the same complexity as the
VD. A detailed description of this procedure is beyond the
scope of this paper; a similar approach for trellis reduction is
described in [9].
B. Block Syndrome Decoder
The syndrome decoding algorithm offers an interesting
property for reduction of decoding effort and for parallel
decoding [4]: As mentioned earlier the syndrome sequence
b only depends on the the channel error and not on the
transmitted code sequence (cf. (2)). This means that errorfree parts in r will lead to zero sequences in b, due to the
finite influence length of HT . By analyzing b and identifying
parts of zeros with sufficient length, error-free parts in the
received sequence r can be identified. Knowing error-free parts
allows to separate r into blocks that need to be decoded and
blocks that are error-free and hence do not need any decoding.
Additionally, for the blocks to be decoded, the initial and the
final trellis states are known to be the “zero-state” of the trellis
[4], which means the blocks are terminated and can be decoded
independently.
To specify how exactly a sequence is partitioned, three
design parameters are defined: Firstly a parameter named
ℓmin specifies how many consecutive zeros in the syndrome
sequence are required to consider a part of r to be errorfree. Additionally two parameters ℓon and ℓof f are defined
to specify how many zeros are included in the block to be
decoded. In other words, for each block in b with i ≥ ℓmin
consecutive zeros, the corresponding
n
(10)
(i − (ℓon + ℓof f ))
n−k
bits in the received sequence are directly sent to the output
and not treated by the Viterbi algorithm. Fig. 1 illustrates the
meaning of the parameters.
The selection of the design parameters depends on the
used code and is a trade-off between decoding effort and
decoding performance. The longer ℓof f is chosen, the higher
the probability that the ML path has merged with the zero
path of the trellis. The longer ℓon is chosen, the higher the
probability that the ML path of the considered block starts
in the zero state. In general, the smaller the value for ℓmin
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Fig. 1.

Syndrome sequence and meaning of BSD parameters.

is chosen, the higher the reduction of decoding effort and
the lower the decoding performance in terms of bit error
rate (BER). On the other hand, for larger values for ℓmin ,
both decoding effort and performance of the BSD converge
towards the standard VD. Generally the choice of parameters
also depends on the underlying code, where better codes in
terms of constraint length and free distance require larger
values. Suitable parameter settings with reasonable decoding
performance and effort can be determined by carrying out BER
simulations for different (ℓon , ℓof f , ℓmin ) values for the used
code.
In summary the BSD algorithm consists of the following
steps:
1. Compute the syndrome sequence b = rHT , where HT
is a syndrome former of the code.
2. Identify error-free blocks in r by analyzing b: For
every block in b with ≥ ℓmin consecutive zeros the
corresponding block in r excluding the first ℓof f and
the last ℓon stages is considered error-free, see Fig. 1.
3. Apply the VA to the remaining erroneous blocks to solve
(4) for every block, resulting in a correction sequence
êi for every block. Construct the complete correction
sequence ê by putting together the blocks êi , padded
with zeros corresponding to each error-free block.
4. Compute the corrected ML information sequence û by
û = (r ⊕ ê) G−1 .
The highest computational effort is required in step 3,
because it involves the VA to search the trellis of HT for ê.
In worst case, when no error-free segments are identified (i.e.
bad SNR), the complexity is identical to the VD. However, in
typical scenarios it is much lower as demonstrated in Section
IV. Compared to step 3 the computational effort of steps 1,
2 and 4 is negligible: steps 1 and 4 can easily be realized by
XOR-operations and step 2 requires a simple counter and a
decision logic.
III. A DAPTIVE D ECODER
A. Basic Idea
Considering a serially concatenated coding scheme with
inner convolutional code, as found for example in DVB
physical layers, it is interesting to analyze which BER is
actually required after the inner decoder. As already mentioned
in Section I this can be done by analyzing the performance
of the outer decoder: Firstly, the outer decoder will deliver
QEF outputs if its input BER, which is identical to the
inner decoder’s output BER, is smaller than a certain lower
threshold, termed LBER in the following. Secondly, the outer
decoder will not improve its output BER, but even increase it,
if its input BER is greater than a certain upper threshold. This
upper output BER threshold of the inner decoder is termed
UBER in this work.
From this observation we conclude, that a reduction of
decoding effort of the inner decoder is feasible in two cases:
Firstly, if the output BER is worse than the UBER. In this case
the inner decoder could be switched off, because the outer

0.5

After b has been computed, in the second step the weight
wH (b) is calculated and the parameter triplet (ℓmin , ℓon , ℓof f )
is chosen accordingly. Using these parameters the erroneous
and error-free blocks are determined, so that in step 3 only the
erroneous blocks are decoded. Finally in step 4 the received
sequence is corrected using the estimated error sequence and
the resulting code sequence is mapped back to the according
information sequence.
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Fig. 2. Dependency between SNR and relative syndrome weight for the
1/2-rate code with G = (1718 , 1338 ).

decoder’s output is useless anyway. Secondly, if the output
BER is better than the LBER. In this case the decoder could
reduce its decoding effort and ideally adapt its output BER
to the LBER. A decoder, which implements this idea, needs
a method both to determine the current SNR (current output
BER) and to adjust its output BER in favor of the decoding
effort.
The BSD’s decoding effort adapts to the channel conditions
while keeping the impact on the BER almost negligible by
only decoding erroneous blocks of a received frame. To
achieve an adaption of the output BER and with it an even
higher reduction of the decoding effort, the design parameters
can be adjusted depending on the current SNR. This requires
that the decoder can determine its current output BER at any
point. In context of syndrome decoding, this can be realized
with minimum effort: Keeping in mind that the syndrome
sequence reflects the errors in the received frame, it is easy
to see that its Hamming weight wH (b) can be used to
estimate the current channel conditions in terms of number of
transmission errors or SNR. The dependency of wH (b) and
SNR for a transmission over an AWGN channel is illustrated
in Fig. 2.
The adaptive BSD can then be implemented by storing a
set (ℓmin , ℓon , ℓof f ) for different values of wH (b) in a lookup-table (LUT). In step 2 of the BSD algorithm - instead of
using fixed parameters - a parameter triplet (ℓmin , ℓon , ℓof f )
is selected depending on wH (b).
Step 4

Step 3

Step 2
LUT

Step 1
wH (·)

(ℓmin , ℓon, ℓof f )

û

G−1

ê

Fig. 3.
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r
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Fig. 3 provides a schematic overview of the adaptive BSD.

B. Application to DVB-T system
The efficiency of the proposed adaptive decoder is demonstrated for the terrestrial digital video broadcasting system
(DVB-T) [10]. In this system the forward error correction is
realized by the serial concatenation of an outer Reed-Solomon
block code (RS code) and an inner CC. The RS code is a
shortened (204,188) code and the CC is a 1/2-rate code with
constraint length ν = 6 and G = (1718 , 1338) or one of its
PCCs with rate R = 2/3, R = 3/4, R = 5/6 or R = 7/8.
A simplified scheme of the transmission system is depicted in
Fig. 4.
DVB-T
Transmitter

Channel

OFDM
Receiver

Demapper

RS
Decoder

Outer
Interleaver

Conv.
Decoder

Inner
Interleaver

BER < 10−11

BER < 2 · 10−4

BER < 2 · 10−3

Fig. 4. Simplified scheme of DVB-T receiver and required BERs for quasi
error-free reception.

The threshold LBER of the convolutional decoder output for
a DVB-T system is given as 2 ·10−4 , because this corresponds
to an output BER of the RS decoder of < 10−11 , which
is defined as QEF output in the DVB-T standard [10]. The
input/output BER of the (204,188) shortened RS code and
its original (255,239) code is plotted in Fig. 5. Regarding to
this BER plot the upper threshold UBER could be chosen
as ≈ 4 · 10−3 because for BERs higher or equal, the outer
(204, 188) RS decoder will only increase the overall BER.
Further investigation on the MPEG-2 transport stream in [11]
suggested that a transmission is not possible for a RS output
BER > 10−4 , which corresponds to a convolutional decoder
output BER of 2 · 10−3 . Thus UBER will be set to 2 · 10−3 .
Once the values for LBER and UBER are known, an LUT of
the required parameters (ℓmin , ℓon , ℓof f ) for each SNR value
(i.e. each Hamming weight wh (b)) can be constructed for each
code rate. The parameters are chosen to achieve a BER smaller
than LBER with maximum reduction of decoding effort. For
the simulations presented in the following section LUTs with
20 to 30 entries have been used depending on the code rate.
The spacing between the stored wH (b) values corresponds to
0.25dB steps of the input Eb /N0 of the convolutional decoder.
IV. S IMULATION R ESULTS
A. AWGN channel transmission
In this section simulation results for the proposed adaptive
decoding algorithm are presented. The parameter values for
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the BSD with fixed parameters are given in Table I. The
parameters have been selected such that the resulting BER
of the BSD is identical to that of the ML decoder until the
LBER is reached.
For the adaptive BSD, the parameters are identical to the
fixed BSD until the LBER is reached. From the LBER on,
the parameters values are successively decreased depending
on the current SNR.
PARAMETER SETTINGS OF BSD FOR CODE WITH G = (1718 , 1338 ) AND
ITS PCC S .
Code rate R
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Bit-Error-Rate versus Eb /N0 for AWGN channel, R = 1/2.
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Before considering the DVB-T system, Fig. 6 and 7 show
exemplary the BER of the CC with rate R = 1/2 and
its PCC with R = 5/6 for a BPSK (binary phase shift
keying) transmission over an AWGN (additive white gaussian
noise) channel. Both figures present the BERs of the VD
(denoted as “ML decoder”), the BSD with fixed parameter
settings (“BSD”) and the BSD with adaptive parameter settings
(“Adaptive BSD”). The dashed line marks uncoded transmission, the dash-dotted marks coded transmission without
decoding, i.e. the BER when directly feeding the received
sequence into step 4 of the BSD algorithm. By modifying
the design parameters (ℓmin , ℓon , ℓof f ) in step 3, the BER
can be adjusted between the BER without decoding and the
BER of the ML decoder. Additionally LBER and UBER
are marked by horizontal lines with upright and reciprocal
triangles, respectively.
From these figures one can see that the BER of the BSD
with fixed settings is identical to that of the ML decoder up to
an SNR that corresponds to the LBER. For higher SNR, the
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BER slightly deviates from the ML decoder, which, however,
has no impact on the system performance as the QEF BER is
already reached.
The BER of the adaptive BSD is identical to that of the
BSD until LBER is reached. For higher SNR it strongly
deviates from the BER of the ML decoder and approximates
the LBER. This is achieved by successively decreasing the
design parameters, which on the one hand approximates LBER
and on the other hand reduces the decoding complexity as
more zero sequences in the syndrome can be exploited. Again,
the system performance is not influenced, as the BER is always
below LBER, i.e. a QEF system output is guaranteed for this
decoder.
From the figures one can notice that the approximation
of the LBER is not perfect, i.e. the BER of the adaptive
decoder does not always show a perfect convergence towards
the LBER, but performs significantly better for some SNRs.
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This is the case around 7.5dB for the 1/2-rate code and around
8.5dB for the 5/6-rate code. The reason for this is that not for
each SNR value an optimal parameter setting can be found,
that results in a BER close to the LBER. However, as long
as the resulting BER is below the LBER, this clearly has no
impact on the performance.
As discussed in Section III, the decoder can be switched off,
if its output BER is worse than the minimum required input
BER of the block code, the UBER. This behavior can be seen
in both figures, i.e. the BER converges towards that of rG−1 if
the SNR is worse than 2.25dB or 4dB for the 1/2-rate and the
5/6-rate code respectively. In this range step 3 is completely
skipped and thus the computational most expensive part of
the BSD algorithm, the Viterbi Algorithm, is not executed.
Consequently, if we measure the decoding effort in terms of
operations on the trellis1 , in this low SNR range the reduction
of decoding effort is 100% compared to the VD.
Fig. 8 and 9 illustrate this reduction of decoding effort for
both codes. It is obvious that the implementation of the BSD
with fixed parameters already results in an adaptive decoder:
Depending on the SNR, the BSD achieves a reduction of
decoding effort of greater than 7% and greater than 34% for
the 1/2- and 5/6-rate codes, respectively, if the system is
in the QEF SNR range, marked by the right vertical line in
these figures. The higher the SNR the higher the reduction of
decoding effort, because the less errors occur the more and
longer error-free blocks are identified in step 2. Additionally
the figures show, that the reduction differs for both codes,
because both codes use different design parameters (cf. Table
I) and smaller parameter values allow for a greater reduction
of decoding effort.
An implementation of the BSD with adaptive parameters
decreases the decoding effort even more. The adaptive reduc1 The reduction is measured here as the percentage of received symbols
which are not decoded, i.e. which do not require any operations of the VA in
step 3 of the algorithm but are directly forwarded into step 4.
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tion of the design parameters results in an additional reduction
of up to 20% for the 1/2-rate code and 8% for the 5/6-rate
code depending on the SNR.
B. DVB-T physical layer transmission
Both decoders, the BSD and the adaptive BSD, have been
implemented as inner decoders for a DVB-T physical layer as
a replacement for the VD. The DVB-T system was simulated
with QAM64 modulation and transmission over an AWGN
channel. The receiver operated in 2k mode, i.e. the number of
OFDM subcarriers was 2048. However, the results given below
would be similar for 8k mode or the DVB-H 4k mode. The
following discussion only covers the adaption to the LBER,
switching off the decoder for BER>UBER is not considered
for the sake of clarity of the presentation.
Table II lists the simulation results: For all code rates
specified in the DVB-T physical layer [10], the BER of the
BSD (“BER BSD”) and the BSD with adaptive parameters
(“BER A-BSD”) and the reduction of decoding effort (“Dec.
Off BSD” and “Dec. Off A-BSD”) are given for four SNR
values. The lowest SNR value for each code rate is the
minimum SNR required for QEF system output as specified
in [10]. Three additional values are given in 1dB steps. It
can be seen, that both decoders ensure QEF system output,
as their BER is always better than or equal to the required
minimum BER. Considering the reduction of decoding effort,
it is obvious that there is a considerable benefit: Depending on
the used code, the decoder can save between 7% (1/2-rate) and
43% (7/8-rate) of the VA’s trellis operations for the minimum
SNR. Keeping in mind that this is the minimum SNR, which
is only found in regions with bad reception conditions, even
more significant savings can be excepted for the average user
(cf. Table II).
For the adaptive BSD the same conclusions as in the previous section hold: The switched-off-time of the decoder can
be increased even more by implementing adaptive parameter

settings. Depending on the code rate an additional amount of
up to 20% can be saved.
A comparison of different code rates shows that the higher
the coder rate, the more reduction of decoding effort is
possible. The reason for this is, that a higher code rate will
operate at higher SNR values, which means that less errors
occur and thus more and longer error free blocks are detected
by the algorithm. Additionally, for higher code rates, smaller
values can be selected for the design parameters, because of
worse error correcting capabilities, as stated in Section II-B.
V. C ONCLUSIONS
Syndrome decoding is a powerful approach to reduce the
decoding complexity of convolutional codes, which are used in
many digital broadcasting systems. In this paper it was shown
that the previously presented BSD already offers significant
reductions of decoding effort under high SNR reception conditions. An extended BSD adapts its output BER to a BER
threshold where QEF reception is possible, which results in
an even higher decrease of decoding effort. Both the BSD and
the adaptive BSD were implemented in a DVB-T receiver simulation model and showed tremendous savings in the decoding
effort under typical reception conditions. Considering that
more and more digital broadcasting receivers are included in
wireless, battery-powered devices, these decoding approaches
can help to increase the operating times of these devices
significantly.
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