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Abstract 
 
Wireless communication is always struggling with errors in the transmission. The digital data received 
from the radio channel is often erroneous due to thermal noise and fading. The error rate can be 
lowered by using higher transmission power or by using an effective error correcting code. Power 
consumption and limits for electromagnetic radiation are two of the main problems with handheld 
devices today and an efficient error correcting code will lower the transmission power and therefore 
also the power consumption of the device. 
  
Duo-binary CTC is an improvement of the innovative turbo codes presented in 1996 by Berrou and 
Glavieux and is in use in many of today’s standards for radio communication e.g.. IEEE 802.16 
(WiMAX) and DVB-RSC. This report describes the development of a duo-binary CTC decoder and 
the different problems that were encountered during the process. These problems include different 
design issues and algorithm choices during the design.  
 
An implementation in VHDL has been written for Alteras Stratix II S90 FPGA and a reference-model 
has been made in Matlab. The model has been used to simulate bit error rates for different 
implementation alternatives and as bit-true reference for the hardware verification. 
 
The final result is a duo-binary CTC decoder compatible with Alteras Stratix II designs and a 
reference model that can be used when simulating the decoder alone or the whole signal processing 
chain. Some of the features of the hardware are that block sizes, puncture rates and number of 
iterations are dynamically configured between each block. Before synthesis it is possible to choose 
how many decoders that will work in parallel and how many bits the soft input will be represented in. 
The circuit has been run in 100 MHz in the lab and that gives a throughput around 40Mbit/s with four 
decoders working in parallel. This report describes the implementation, including its development, 
background and future possibilities. 
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1 Introduction 

Wireless communication is always struggling with transmission errors. The digital data received 
from the radio channel is often erroneous due to thermal noise and fading. The error rate can be 
lowered by using higher transmission power or by using an effective error correcting code. 
Power consumption and limits for electromagnetic radiation are two of the main problems with 
handheld devices today; an efficient error correcting code will lower the transmission power and 
thus also the power consumption of the device.  

 
Duo-binary CTC is recognized to be an effective error correcting code, but it is computationally 
demanding, therefore an implementation of an accelerator is often needed for good performance. 
Two important standards, DVB-RSC and IEEE 802.16 (WiMAX), use the duo-binary CTC. 

1.1 Task 
The goal of this thesis project is to develop an implementation of a hardware accelerator for duo-
binary CTC. The accelerator shall be implemented in an FPGA. The thesis work shall include 
the following parts: 
• A literature study of the duo-binary CTC.  
• Choice of suitable algorithm for implementation. A trade off between implementation speed 
and error performance.  
• A bit-true Matlab model of the decoder that can be used for performance simulations and for 
verification of the hardware. 
• Simulation, verification and optimization of the FPGA implementation. 
• Decide if the depuncturing of the received data shall be performed in the accelerator or in SW 
on a digital signal processor (DSP) 

1.2 Limitations 
The standards of interest have an optional support for H-ARQ (hybrid automatic repeat request); 
this will be kept in mind but will not be included in the model or the implementation. 
 
The simulation will be done under AWGN conditions, which represents adding normal 
distributed noise to the signal. Fading, depending on multi-path propagation and motion of the 
system, may affect the performance of the CTC decoder but that will not be included in the 
simulation of the system. Operations performed before the decoding in the receiver chain 
removes a lot of the effects of fading. 

 
For the implementation in hardware no constraints have been set for area. No interface with 
outer units will be implemented other than for test purposes.  

 

1.3 Report Disposition 
The report is divided into three main sections: a description of coding theory in general and 
turbo-code specific theory; implementation concerns from an algorithm point of view with 
corresponding simulations; and finally the hardware implementation with results.  
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1.4 Report Target Group 
The intended reader for this master thesis is an engineer or student with basic knowledge of 
telecommunication and digital design. No source code or detailed implementation descriptions is 
included in this report; these aspects are documented in an Ericsson internal report. 
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2 General Coding Theory 

The digital data received from the radio channel is often erroneous due to thermal noise and 
fading. The error rate can be lowered by using higher transmission power or by using an 
effective error correcting code.  

 
The coding of the raw digital input data is coded may be separated in into two operations: 

 
• Source encoding to reduce the natural redundancy of the data in order to use the channel 
bandwidth effectively. 
• Channel encoding (error correcting codes) to lower the error rate 

 
Channel codes rely on adding redundant information, which can be used by the decoder to 
calculate the most probable transmitted sequence. The information added by the channel code is 
more sophistically selected and more efficient for error correction than the natural redundancy of 
the data. Source encoding is outside the scope of this thesis and the simulation data used for will 
be randomly distributed binary data (no redundancy).  

 
The amount of redundant information to add (the coding rate) versus the energy that can be 
assigned for each bit (bit energy per information bit) is a trade-off. The difference in energy per 
information bit for an un-coded and a coded system that is needed to achieve a specified error 
rate is called the coding gain. The task in the trade-off described above is to maximize the coding 
gain.  

 
Turbo codes are a class of error correcting codes that can obtain very low error rates for low 
signal to noise ratios. Claude Shannon stated his information theoretic results in the late 40’s and 
the struggle to reach the bounds of the limits have been going on ever since. Berrou and 
Glavieux made a great step towards the bound when they published “Near Optimum Error 
Correcting Coding and Decoding: Turbo-Codes” [3] in 1993. 

 
To be able to describe the duo-binary convolution turbo code, the theory of its constituent parts 
have to be described first. 
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2.1 Convolutional Codes 
The two most important types of convolutional codes are the non-systematic (NSC) and the 
recursive systematic convolutional (RSC) codes.  

 
Figure 1 shows a simple example of a non-systematic convolutional  code. A convolutional code 
takes k input bits and generates n output bits; giving the rate R = k/n. The output bits are linear 
combinations of the present input bit and delayed input bits. The encoder in the Figure 1 has rate 
R = 1/2 because it uses one input bit and generated two output bits. The constraint length of the 
encoder is the number of bits that the encoder depends on, the encoder in the example below 
have constraint length K = 3. 

 
The second type of convolutional codes is the recursive systematic convolutional code in Figure 
2. One of the output bits is systematic, i.e. the information bits are transmitted. The parity bits, 
y2, depend on all previous input bits due to the feedback loop in the encoder.   

 

Figure 1 - NSC code 
 

T T

+

+

x

y1

y2

+

 
Figure 2 - RSC code 

 
 

 
 

The inner state of the encoder is defined as the values of the memory cells. The simple encoders 
in the examples above can take four different states; 002, 012, 102 and 112. The transitions 
between the different states and the output from the encoder can either be described by a state 
diagram (Figure 3) or by a trellis (Figure 4). The two figures represent equivalent ways to describe 
the behavior of the NSC code in the example above. The dashed lines represents an input x = 02 
and the full line represents an input x = 12. For instance, it is possible to see in both figures that if 
current state is 002 and the input is 02, the next state will be 002. Furthermore, from the state 
diagram the output may also be found; in this particular case, the output is 002. 
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Figure 3 - State diagram, output and state 

transitions 
 

Figure 4 –Trellis, state transitions 

2.2 Soft bits 
The concept of soft bits is frequently used in data transmission because there is more useful 
information in the demodulated data than the sign of the demodulated data that the hard bits 
represent. Noise influences the binary data during the transmission and the data is occasionally 
flipped from a 02 to a 12 or the other way around, see Figure 5. The probability for this to happen 
is denoted ε and depends on the signal to noise ratio. BPSK is the simplest modulation form 
where the data is mapped to [-1, 1] in the modulation process; the received data looks like Figure 
6. One can see that some bits are interpreted incorrectly, since the normal distributions overlap 
and only the sign is used. 

 

 
Figure 5 - Transitions to hard bits 

 
Figure 6 - BPSK distribution 

 

Soft bit is a method to represent the received data with more than one bit; the received data could 
for instance be represented with a floating-point or fixed-point number. The advantage to use 
more bits is that uncertain values near the decision boundary does not affect the decoding to the 
same extent as a value further out that is very certain. Figure 7 represents transitions to soft bits 
represented in eight levels, higher sub-index represents a more certain one or zero. The 
probability that a zero is interpreted as a strong one, e.g 14, is very small but the probability that 
a zero is interpreted as a weak one, e.g. 11, is several times larger. Figure 8 represents how zeros 
are interpreted. This can be used in the decoding process; the soft bit inputs give much better 
performance than hard bits. 
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Figure 7 - Transitions to soft bits 

0403020111121314
 

Figure 8 - Zeros transmitted over AWGN (BPSK) 

2.3 Decoding of Convolutional Codes 
There are two main ideas for decoding convolutional codes. One is the maximum likelihood 
(ML) decoding, e.g. the Viterbi algorithm that estimates the most likely sent codeword given the 
received sequence. One recursion through the received data is performed and the codeword that 
is closest to the receive word, when considering the Hamming distance (the number of 
differences between two binary sequences), is used as hard output. The input for the Viterbi 
algorithm can either be hard or soft bits; the performance is better when soft inputs are used. The 
complexity of the Viterbi algorithm is proportional to the number of states in the trellis. There is 
also a modification called SOVA, soft output Viterbi algorithm, that produces soft output bits 
that can be used for turbo decoding.   

 
The other main idea is the maximum-a-posteriori (MAP) algorithm that estimates the probability 
for each received bit. The algorithm has about twice the complexity of the Viterbi algorithm, 
since it includes one forward and one backward recursion through the received data. That is 
calculating metrics from both ways in the trellis, one starting from the left part and one starting 
from the right side of the trellis.  The MAP algorithm produces soft outputs and is discussed in 
more detail in the forthcoming sections since it is a suitable choice for CTC decoding.  
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3 Overview Duo-binary CTC  

Duo-binary convolutional turbo code is an effective error correcting code. It relies on a method 
where data is encoded twice, and provides additional redundant information at each encoding. 
The order of the data is changed in a predefined way between the two encoding rounds so that 
the outputs from the two encoders become different. Link adaptation is used to select suitable 
encoding rates for the state of the channel, using the same encoder, some of the encoded bits are 
disregarded, this is called puncturing, The inverse operations, depuncturing, is performed on the 
receiver side, placing undefined data in the positions of the punctured bits. Decoding is 
performed iteratively, two decoders work alternatively, one focus on the data received from the 
first encoding and the other uses the data from the second encoding. The two decoders forward 
their results to each other, and after some iterations a final decision is done, that is guessing on 
ones and zeros. Very low BER can be reached for low signal to noise levels using this method. 

 
The encoder is considered to be specified in this thesis and is only modeled in order to enable 
testing of the decoder; no modification of it can be made to improve the performance. The test 
bench for the reference model uses provided modulation and demodulation functions. The 
decoder is the component of the CTC coding chain with most degrees of freedom. The standards 
that include duo-binary CTC do not restrict how the decoding shall be performed. Correcting as 
many frames as possible with a given input is the goal. Higher complexity makes it harder to 
implement high throughput hardware, there is a trade-off between error correction capability and 
implementation complexity. The optimum solution when regarding error performance is rather 
complex and therefore tough to implement.  

 
Figure 9 - Overview duo-binary CTC  
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Figure 9 depicts the overview of the duo-binary CTC encoding and decoding. Pre-coding is done 
to retrieve a circular state, the CRSC coding block represents the actual encoding of the data. 
Sub-block interleaving and puncturing is performed to get robustness for burst errors and an 
adequate coding rate. A simple test bench for the system includes one modulation/demodulation 
operation and an AWGN channel. The receiver side of the system contains the most advanced 
operations, the depuncturing and sub-block deinterleaving is fairly simple but the iterative 
decoding is complex and computationally intense; the decoding will be covered in detail in 
following sections. 
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4 CTC Encoding  

The code of interest is a duo-binary convolutional turbo code, which means that the input is 
treated as pairs and the input to the encoder is altered between A and B. Berrou et al states the 
advantages of duo-binary CTC compared to binary CTC in [6]. Better convergence of the 
iterative decoding, large minimum distances (code words are easier to separate from each other), 
less sensitivity to puncturing patterns, reduced latency and less performance drop when using 
max-log-MAP are some of the advantages. 

 
A block diagram of the encoder is presented in Figure 10. The CTC encoder below has a natural 
rate R= 2/6. The input, A and B, are first coded in their natural order in encoder ENC1, retrieving 
parity bits Y1 and W1. Then the input is interleaved and encoded again in the equivalent encoder 
ENC2, retrieving parity bits Y2 and W2. The outputs from the two encoders are almost 
uncorrelated due to the interleaver. The constituent encoders are described in detail in next 
section. 

 
Figure 10 - Duo-binary CTC encoder 
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4.1 The Constituent Encoder 
The identical encoders ENC1 and ENC2 are the core of the turbo code. The realization of the 
duo-binary RSC code specified in the standards is depicted in Figure 11 . The three memory 
elements give the encoders eight different internal states. The constituent encoders have a natural 
rate R = 2/4. The behavior of the RSC code can be described in a trellis. All states can transfer to 
four different states depending on the inputs A and B. The trellis is symmetric and all states are 
equally likely when considering a random input.  

 
The trellis can also be described by a look up table that includes the transitions and the output 
that is generated in the corresponding transition. Graphs containing the trellis transitions for the 
different input combinations of A and B can be found in Appendix A. 

+ + +T T T

+

+

A

B

Y

W

A
B

 
Figure 11 - RSC constituent encoder 
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4.2 Turbo Interleaving 
The channel interleavers that normally are included in communication system are used to spread 
out burst errors of several FEC coding blocks in order to enable correction. The reason for 
interleaving in turbo coding is to rearrange the input stream in a manner so that the correlation 
between the rearranged and original data is minimized; the correlation of the parity bits from 
ENC1 and ENC2 is then minimized.  

 
There are several methods for interleaving and the way it is performed influences the noise 
performance of the turbo code. The interleaver used for duo-binary CTC is described in Equation 
(1), the interleaving is done in two steps . P0, P1, P2 and P3 are coding parameters that is specific 
for each block size, N, and are provided in the standards. The address j is interleaved to address 
i.  

 

N mod 1)  P  j · (P  iSet 
 3 4 mod j if ,P  N/2  P
 2 4 mod j if ,P  P
 1 4 mod j if ,P  N/2  P

0, 4 mod j if0,  P
1 - N., . . 0,  jFor 

:2 Step

jeven for  )A ,(B  )B ,(A couple Invert the
1 - N., . . 0,  jFor 

:1 Step

0

3

2

1

jjjj

++=

⎪
⎪
⎩

⎪
⎪
⎨

⎧

=+=
==
=+=
==

=

=
=

     (1) 

 
 

4.3 Circular State Encoding 
The internal state of the encoder is needed in the decoding process. Convolutional encoders are 
often initialized in the all-zero, i.e. zeros in all the memory cells, state and then flushed back to 
all-zero state with a zero tail. The CTC code of interest uses a tailbiting trellis, which means that 
the encoder starts and ends in the same state, the encoding process is done twice in both ENC1 
and ENC2. The first encoding is done with the encoder initialized in the all-zero state. The state 
that takes the encoder back to the starting state is called the circular state. Linear algebra 
methods and a state space description of the encoder are used to calculate a circular state from 
the ending state of the first encoding, see [15].  

 
The standards include look up tables with the different circular state for each ending state. The 
encoder starts and ends in the same state when it is initialized with the circular state in the 
second coding round. The tailbiting property has several advantages, the tailbiting is suitable for 
iterative decoding and the overhead of sending extra bits for the zero tail is avoided. 

 
The code described above is called a CRSC or cyclic recursive systematic convolutional code. 
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4.4 Sub-block Interleaving and Puncturing 

Sub-block interleaving is performed to get a robustness against burst errors and to rearrange the 
data so that puncturing of the data can be performed in a simple way.  

The output from the encoder is arranged in sub-blocks (A, B, Y1, Y2, W1 and W2) and each block 
is interleaved with a special sub-block interleaver, different from the turbo interleaver. 

 
⎣ ⎦)/()mod(2 JkBROJkT m

m
k +=         (2) 

 
Equation (2) states the interleaver function used for the sub-block interleaving. Tk represents the 
output addresses; m and J are interleaver parameters that are provided in a look up table and 
depend on the block size, N. If the result from the function is larger than the block size, the 
output address is disregarded and the variable k is increased and a new address is calculated. 
BRO is the m-bit bit reverse order. 

It is very important that the sub-block interleaver and the turbo interleaver are uncorrelated. If 
they are correlated there is a possibility that consecutive bits that were spread out by the first 
interleaver are interleaved back together again by the second interleaver.    

The output from the interleavers is combined serially after the sub-block interleaving. The 
systematic bits are grouped consecutively, and then the parity bits are grouped alternating one bit 
from Y1 and then one bit from Y2 et cetera.  The puncturing is performed by selecting a number 
of consecutive bits according to Equation (3) . The puncturing function depends on the block 
size, the number of available sub channels, NSCH, and the modulation order NCPC. The puncturing 
is performed differently when H-ARQ is enabled. The punctured data is sent to the modulator 
after the puncturing has been performed. 

 

CPCSCH NNL
LibitsSend

⋅⋅=
=

48
...0

          (3) 

 

 
Figure 12 - Sub-block interleaving and grouping 
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5 Decoding Algorithm Selection 

The soft input from the demodulator is initially depunctured by padding zeros in the positions of 
the punctured bits. The input data is then arranged in sub-blocks and sub-block deinterleaving is 
individually performed for each sub-block. The zeros added in the puncture/depuncture are 
spread out in the parity sub-blocks. The systematic bits are never punctured. 

 
An iterative algorithm is used for decoding turbo codes, see Figure 13. The input to the decoder 
is kept constant, the decoding is performed several times, and only extrinsic information (sub-
results) is passed between the iterations. 

 
After the predetermined number of iterations, typically 4-8 depending on demands for BER and 
FER, a final decision is made by using the extrinsic information from the two SISO decoders and 
the systematic soft bits from the demodulator. There are also algorithms that use an early 
stopping criterion, which means the decoding is stopped when a rule is fulfilled, e.g. the same 
estimation of the output for two or three consecutive iterations. Early stopping increases the 
throughput of the decoder but will not be considered in this thesis due to the increase of 
complexity.  

 
Figure 13 - CTC decoding 
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5.1 SISO Decoding 
BCJR [2] is an optimal algorithm for estimating a-posteriori-probabilities of states and state 
transitions when regarding a Markov source over a memoryless channel. Berrou [3] et al 
modified the algorithm to estimate the probability of each information bit (for binary codes, pair 
of information bits for duo binary codes). The modification of the algorithm is often referred to 
as the MAP (maximum a posteriori) algorithm. It is suitable for iterative turbo decoding because 
it is a SISO, soft input soft output, algorithm compared with e.g. the Viterbi algorithm that 
produces hard outputs. An important property is the soft output data can be used in the next 
iteration to calculate more accurate values. All calculations in the MAP algorithm are performed 
in the log domain to avoid numerical problems and unnecessary multiplications; the algorithm is 
then called the log-MAP algorithm. 

5.2 Log-MAP 
In the decoding process, the goal is to calculate an accurate a-posteriori-probability for the 
received block that can be used to make a hard decision by guessing on the largest APP for each 
pair of bits (duo binary) when all iterations are complete.  

 
Equation (4) represents the APP that can be calculated iteratively by calculating the metrics in 
Equations (5), (6) and (7). 
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The values of }1,0{∈b depends on the encoding polynomial and can be can be pre-calculated for 
all state transitions, respectively. The extrinsic information from the last stage is denoted 

)(ln kuP  and  W}Y,B,{A, y = represents the noisy soft input values. Here, m the current state 
and m′ is the the transition state. Alpha, beta and gamma are explained in detail later. 

 
Extrinsic information for the next stage is calculated according to Equation (8) . 
 

)(ln)1()1()|(ln)|(ln 10
k

bb
kkext uPBAyuPyuP −⋅−−⋅−−=       (8) 

 
The high complexity equations above can be implemented by using a rearranged version of the 
function, see Equation (9) , and using look up tables for the correction term. A better 
implemented correction term gives better error correction capability. Constant-log-MAP and 
linear-log-MAP are two implementation of the SISO algorithm with different correction terms.  
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5.3 Max-log-MAP 
Max-log-MAP is a simplification of the log-MAP algorithm that makes the estimation stated in 
Equation (10) ; i.e. disregard the correction term. 
 

),...,max()...ln( 1
1

n
xx xxee n ≈++         (10) 

 
Lower complexity usually brings some disadvantages and that is the case here: the error 
correcting capability is degraded for this algorithm. The degradation is less significant for duo-
binary turbo codes than for usual binary turbo codes. This improvement in robustness is 
explained by Berrou et al in [6]. A conclusion that can be drawn from this: it is not worth the 
gain in complexity to implement constant-log-MAP or linear-log-MAP when considering duo-
binary codes since the gain in error performance is only half the gain in the binary case. An 
implementation of constant-log-MAP or linear-log-MAP results in at least twice the complexity 
increase compared to the binary case since the correction functions and look-up tables need to be 
multidimensional.  
 
The scope of the thesis is to find a suitable algorithm for a high speed implementation, therefore 
the focus will be on the max-log-MAP algorithm.  
 
The max-log-MAP algorithm includes one forward and one backward recursion through the 
received soft input data and a number of different metrics are calculated, these will explained in 
detail. 
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5.3.1 Alpha 
The alpha vector represents the possibilities for the encoder to be in each state at the time 
instance k when considering all data received before k. Alpha is calculated in the forward 
recursion through the trellis. 

 
)),,()(()( ,1

),(
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im
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′

γαα        (11) 

 
Equation (11) is the function used for the calculation of the alpha metric. The transition term 
gamma depends on the soft inputs and the extrinsic information received from previous iteration, 
see Equation (14). The state considered is denoted m  and the four possible states that can result 
in a transition to state m are denoted m′ , i  represent the different combinations of the systematic 
bits, [ ]211100100∈i  and ky  are the received soft bits at time instance k. 
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Figure 14 - Calculation of alpha 

 
Figure 14 is an example of how the alpha calculation is performed. The value at time instance k 
for state 4 is calculated by taking the largest value from the alpha values in states 0, 1, 6 and 7 at 
k-1. Each of the old alpha values are added with the corresponding gamma value from m  to m′ . 
The upper arrow represents a transition caused by input AB = 102 (the dotted line) so the gamma 
value includes APP information retrieved from the last iteration for a 102-transition. The gamma 
value will also include a comparison of the soft bits with the output that the encoder would 
generate in a transition from state 0 with input AB = 102.  
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Different look-up tables are used in the alpha and beta calculations to describe the state 
transitions. Both tables describe the full behavior of the encoder, the free parameter is the target-
state of transition when calculating alpha and origin-state when calculating beta. 

 

5.3.2 Beta 
The beta vector represents the probability for the different states when considering all the data 
after the time instance k. The calculation of the beta values is done in a similar manner as the 
alpha values, but the beta values are calculated backwards through the received soft input data. 
Equation (12) states how the beta values are calculated.  
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Figure 15 - Calculation of beta 
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5.3.3 APP 
The extrinsic information, the APP values, for the next stage in the recursion is calculated using 
the alpha and beta values and a gamma value. Equation (13) represents how the APP calculations 
are performed. 
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Figure 16 - Calculation of APP 
  

Figure 16 above represents all AB = 002 transitions and calculation of the APP, the other 
combination of AB are done in a similar manner. APP is the maximum sum of an alpha value, a 
beta value and the transitions of the parity bits. The corresponding beta value for each alpha 
value can be found in the look-up tables described in 5.3.1. 
 
To make the correlation between the outputs from the two decoders less significant, the 
systematic bits are neglected in the calculation of the APP values that are used as extrinsic 
information. When calculating the APP values that are used for the final decision, however, the 
systematic bits are considered. Correlated outputs from the two SISO decoders increase the 
probability for a sub-optimal solution. Better results are achieved when the extrinsic APP values 
from SISO1 depend on the parity values Y1 and W1 and the extrinsic APP values from SISO2 
depend on Y2 and W2. 
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5.3.4 Gamma 
The transition term can be expressed either according to Equation (14) when calculatingα , β  or 

finalAPP  or according to Equation (15) when calculating extrinsic information for the next stage. 
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Here, }1,0{},,,{ 3210 ∈bbbb  describes the behavior of the encoder and can be pre-calculated for 
each combination of state transition and input combination, respectively. The received soft 
inputs from the demodulator are denoted }W,Y,B,{A y recrecrecrec= . inAPP  represents the 
information from the previous iteration. 
 
Antipodal signaling, i.e. BPSK modulation, and AWGN is used to validate how the transition 
term is calculated. The probability that )21,21,21,21( tttt WYBAx ⋅−⋅−⋅−⋅−=  was sent when 
receiving y can be expressed according to Equation (16)  under AWGN conditions, x holds the 
possible outputs from the receiver mapped to 1± . 
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There is no interest for the actual transition probabilities in the max-log-MAP algorithm but the 
logarithm of the probability. Equation (17) is the result when taking the natural logarithm of 
Equation (16). Constants 1C and 2C can be ignored when using the max-log-MAP algorithm; 1C  
only represents a scaling of the metrics and 2C does not influence the calculations at all since it 
is eliminated in the normalization. Being able to ignore the constants gives that the max-log-
MAP is almost independent of the signal-to-noise ratio except from a minor influence on the 
scaling of the metrics compared to the log-map that needs an SNR-estimate to function. 
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5.4 Implementation Issues 
To enable an efficient implementation of the algorithm on an FPGA, it is necessary to quantize 
all metrics. A fixed point representation of the input is chosen for simplicity; a possible 
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alternative representation would have been a simple floating point structure. The gain in error 
performance of a floating point structure does not , however, motivate the higher complexity that 
comes with it so it is not implemented here. 

 
Uniform quantization of the demodulated data is proposed for simple calculations. Again, some 
increase of the error correction capability could be expected by using non-linear quantization 
with smaller quantization steps of the demodulated data near the origin and larger steps further 
out but non-linear calculations have to be applied and this is very complex in a hardware 
implementation. 
 
One big advantage of max-log-MAP compared to log-MAP is that only the relative sizes of the 
metrics are interesting, not their actual sizes. Quantized data can be treated as integers in 
simulation and in the implementation. This makes the normalization of the metrics easier 
because the normalization only needs to maintain the relative sizes and no scaling is needed for 
the operations to work as needed in the log-MAP algorithm. 

 

5.5 Input Scaling and Truncation  
Soft input bits are received from the demodulator and BPSK is used to explain the demodulation 
procedure since it is the simplest modulation form where the binary data is mapped to [-1, 1]. A 
characteristic normal distribution with two peaks that have almost merged appears at the receiver 
side of the system at low signal-to-noise ratios. The plot in Figure 17 depict a 
modulation/demodulation procedure at 1 dB SNR, the analog input has to be truncated and 
quantized in order to be represented digitally.  
 
The other three plots represent a signal that has been symmetrically quantized to six bits; i.e. to 
values in the range [-31, 31]. The truncation limit and the number of bits in the quantization both 
affect the error performance of the decoder. How the scaling and truncation of the signal is 
performed affects the error performance of the decoder but the actual hardware is independent of 
signal contents.  
 
In Figure 18 the truncation limit is chosen too tight. Many of the received soft bits are truncated 
to either -31 or 31.  
 
In Figure 19 the truncation limit is chosen too loose, the dynamic range of the signal is not fully 
used.  
 
Figure 20 represents the best alternative in the particular case. The signal range is better used than 
in Figure 19 but not as many truncated values as Figure 18. If the last alternative is used the best 
error performance for six bits at the particular signal to noise ratio is achieved. Simulations using 
the input scaled and truncated according to this method can be found in section 6.3. 
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Figure 17 - Demodulated soft bits, float 

 
Figure 18 - Demodulated soft bits, [-2,2] 

 
Figure 19 - Demodulated soft bits, [-8,8] 

 
Figure 20 - Demodulated soft bits, [-4.4] 

 

5.6 Quantization 
The soft input signal from the demodulator represents a log-likelihood ratio according to (18) . A 

0)( >irLLR  indicates a zero and the larger positive value the more certain bit probability. The 
input log-likelihood ratio is calculated for each input bit, bitr , using the received modulation 
symbol, symy . 
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The error performance of the system is strongly associated with the number of bits that are used 
for the quantization of the input signal. The number of bits needed for the inner metrics of the 
algorithm depends on the number of bits used for the input quantization. 

 
Let inW denote the word length of the input signal. Alpha and beta metric requires 4   W W in +=αβ  
bit when using modulo normalization, the bound of the alpha and beta metrics is discussed 
further in the modulo normalization section. The word length for the extrinsic information, APP, 
which is forwarded between the decoders, is most conveniently set to be the same as for the 
input so inAPP  W W = .  Scaling of the signals before addition is needed if different word lengths 
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are used for the input and APP signal. Simulations of the model using different word lengths can 
be found in section 6.2. 

5.7 Modulo Normalization 
Alpha and beta grow during the forward and backwards recursion and needs to be normalized in 
order to stay in the numerical range. A simple method is to subtract the maximum or minimum 
metric from all the other metrics for each time instance k.  
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′
ααα           (19) 

 
The value of the normalized alpha in (19) can be shown to be bounded, see [8] for details. All 
the nodes in the trellis can be reached from all nodes in two steps and from that follows the 
metrics will be bounded over the max-operation when considering bounded transitions ik ,γ .  
 
A implementation using the proposed method for subtraction-normalization needs both 
comparisons and a subtraction and the calculation of the alpha and beta metrics is in the critical 
path of the implementation so the calculations needs to be minimized in order to get a fast 
implementation. 
 
The idea with modulo-normalization is to let the metrics overflow in a controlled way instead of 
wasting effort trying to avoid it. Two bits more than the maximum possible difference between 
the smallest and biggest alpha values are needed to represent the metrics when the modulo-
normalization method is used. The relative relationship between the values can be obtained still 
after some of the alpha values have overflowed, only the two first bits of each eight alpha values 
need to be examined.  
 
The bound of alpha and beta values guarantees that at least two quadrants are free from values. 
The first step is to examine the alpha or beta values for the eight states and decide which 
quadrant that is free. After that extend the values with either a sign bit or a zero in front of the 
most significant bit the relative relationship between the values is restored even after an 
overflow. 

 
Figure 21 - Modulo normalization, 4:th quadrant 
free 

 
Figure 22 - Modulo normalization, 1:st quadrant 
free 
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In Figure 21 the relative relationship is already correct. The examination of the data gives that the 
fourth quadrant is free from values; i.e. none of the alpha values start with 012. The sign bit is 
added before the most significant bit and the internal relationship between the values is kept. 

 
In Figure 22 the relative relationship between the four values is broken due to overflow. Values in 
the different states are always moving clockwise because of the max operation. Since the first 
quadrant is the free, i.e. none of the values start with 002, -7 is the value that should be 
interpreted as the largest value.  If the alpha values are extended with zeros before the most 
significant bit the relative relationship is restored. The values are [9 8 7 6] after the 
compensation and the arrow that represent the value furthest clockwise also represents the largest 
one. 

 
Figure 23 shows a circle that describes which extension that is to be used for the different free 
quadrants. A zero is added first if the first or second quadrant is free and the sign bit is extended 
if the third or third is fourth. 

 

 
Figure 23 - Extension for each quadrant 

 
Compensation of the signal that needs to be done to restore the internal relationship can be 
implemented simpler in hardware than the subtraction method that includes a maximum of eight 
values and a subtraction of the maximum value. Modulo-normalization, therefore, is chosen for 
implementation and modeled in the bit-true model in Matlab. 

 

5.8 APP Normalization 
The APP values used as extrinsic information are too large to fit in APPW  bits after the 
calculation of (13). All the useful information lays in the relative relationship between the four 
APP values when using the max-log-MAP algorithm. It is efficient to subtract the maximum or 
the minimum APP from all the APP values and use the WAPP bits to represent the normalized 
values. The modulo-normalization approach can not be used because the values need to be 
bounded in either the alpha and beta calculation or in the APP calculation. It is easier to perform 
the complex subtraction normalization when calculating the APP values because they do not 
depend on their previous values. 
 
Calculating the maximum value and subtraction from all the four values was the method 
selected. Thus the largest value is zero and the other values are negative, the bigger negative 
values the lesser probability that the corresponding pair sent. This means that the signal range is 
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not fully used. Subtracting the maximum value minus the biggest value that can be represented 
in the considered word length gives better usage of signal range but simulations shows that the 
performance of the decoder is poorer when using the saturation approach. 
 
The negative values after the subtraction need to be saturated in order to fit in the APPW  bits. The 
saturation is performed according to Equation (20).  
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An alternative method that was examined was a dynamic scaling approach where the values are 
right shifted (dived by two) until all values hold in the number range. This approach is more 
complex to implement in hardware and the error performance is poorer than for the saturation 
method so the alternative was discarded.  

 

5.9 Circular State Estimation 
The internal state of the encoder affects the encoding process. The duo-binary CTC code of 
interest uses a CRSC code that starts and ends in the same state.  

 
There are several methods to estimate the circular state. For the first simple simulations it is 
possible to consider the circular state to be known. This situation resembles the situation for 
usual convolutional codes where the encoder is initiated in the all-zero state and than flush back 
to zero state with a zero tail. It is not possible to implement the decoder for a real system using a 
known circular state; this would require the circular state to be sent over the channel as side 
information. 
 
Some authors [9] suggest a pre-decoding where the circular states for the two SISO decoders are 
estimated. The estimated circular states are then used in the remaining iterations of the decoding.  
 
An alternative to the pre-decoding is to initialize the alpha and beta value with zeros for the first 
iteration, then use the ending state of the previous state for the rest of the iterations. This method 
require less control logics but the ending states for alpha and beta for SISO1 and SISO2, 
respectively, needs to be forward between the iterations. The authors of [7] use the word 
“feedback" to describe when the end states are passed forward.   
 
Feedback of the last calculated alpha and beta metric were chosen for the implementation. 
Simulations where the feedback method is compared to known circular state can be found in 
section 6.5. 

5.10 Scaling Factor 
One proposed method to increase the BER/FER-performance of the max-log-MAP algorithm is 
to introduce a scaling factor for the extrinsic APP values. The reason to scale down the APP 
values is that they are less reliable in the first iterations and by scaling them down they do not 
influence the result to the same extent.    
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The authors of [7] name the algorithm the enhanced max-log-MAP when using a scaling factor. 
The performance of the decoder improves when using the scaling factor SF = 0.75, the particular 
SF was chosen to enable a simple addition of two shifted values instead of a multiplication when 
using fixed point precision, see Equation (21) . 
 

210 11.075.0 =            (21) 
 

This is a very simple method to increase the performance of the decoder, the multiplication with 
the scaling factor is done in a part of the algorithm which is easy to implement fast so there 
would be no problem to add a multiplication of the APP values. The method was discovered in a 
late period of the design flow so it is unfortunately not included in the hardware implementation. 
Simulations of the model when using float and fixed point representation and the scaling factor 
method can be found in section 6.6. 

 

5.11 Algorithm Choice Summary 
Matlab simulations and test implementations give that the algorithm to implement on the FPGA 
can be summarized as follows: 
• Max-log-MAP 
• Parametrical number of input bits  
• Modulo alpha and beta normalization 
• APP subtraction and saturation normalization 
• Feedback of the last calculated alphas and betas 
• No APP scaling 
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6 Simulations  

The simulations were carried out in Matlab and a bit-true model of the implemented decoder is 
used. Verifications of the output from the FPGA circuit and analysis of its inner metrics indicates 
that the simulation results retrieved from the bit-true model corresponds to the performance of 
the real system. 
 
Three data modulation forms for data transmission, QPSK, 16-QAM and 64-QAM, will be 
studied in the simulations. The modulation form affects the distribution of the soft input, hence 
the modulation must be considered when simulating the decoder for bit error rates and frame 
error rates. Monte Carlo simulations are used to receive the error rates. That is repeating an 
experiment with binary output till a probability is reached. The simulation is done in the steps 
described below. 
 
• The bit energy to noise ratio, Eb/N0, is decided.  
• Random input data to the encoder is generated. 
• The data is encoded using the desired options. 
• The encoded data is mapped to one of the modulation schemes and normalized to symbol 
energy Es = 1. The modulated signal consists of an in-phase component sI(t) and one quadrature 
component sQ(t). The modulated signal can be represented as constellation points in the I/Q 
plane or as complex numbers.  
• Independent normal distributed noise is added to each component of the signal. The standard 
deviation of the noise used can be seen in the Equation (22), 
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where the symbol energy is normalized to be Es = 1. EbN0_db is the desired ratio in dB. NCPC is 
the number of coded bits per sub-carrier, (NCPC = 2 for QPSK, 4 for 16-QAM, and 6 for 64-
QAM). R is the coding rate.  
• The noisy signal is demodulated using a soft output function that is provided. The 
demodulation algorithm can be found in [5]. 
• The soft values are fed into the decoder and the decoding is done with the desired 
configuration. 
• The number of bits in error after the decoding is counted. Accumulated number of incorrect 
bits and frames are calculated. 
• The simulation procedure is repeated until statistically reliable result is achieved. A rule of 
thumb is that about 100 times the inverse BER is needed to get a result of statistically 
significance. Thus, 107 bits have to be processed for a BER of 10-5 to be reliable. 
 
All the following simulation uses 100 incorrect frames (blocks) as termination rule for each 
Eb/N0-point. About 25 hours of simulation time were needed in order to achieve the needed 
number of errors for each simulation. 
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6.1 Number of Iterations 
The plot in Figure 24 shows the decoder modeled with the methods described in previous 
sections. This simulation uses the same configuration of the decoder except for the number of 
full iteration that the decoder was run. The configuration used in the simulations can be found in 
Table 1. 

 

 
Figure 24 - Simulations with different number of iterations 

 
A conclusion that can be drawn from this simulation is that four iterations is the minimum 
number that can be considered, the gain in performance up to four iterations is significant for 
each extra iteration round. Demands on the bit error rates versus implementation speed decides if 
it worth running six or eight iterations, the gain for each round is not as large as for the first 
iterations. 
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Table 1 - Simulation Configuration - Number of Iterations 

Parameters 
Simulation 

1 
Simulation 

2 
Simulation 

3 
Simulation 

4 
Simulation 

5 
Block size 240 240 240 240 240 
Number of 
iterations 1 2 4 6 8 

Modulation QPSK QPSK QPSK QPSK QPSK 
Rate  ½ ½ ½ ½ ½ 
Word lengths      

inW  6 6 6 6 6 

αβW  10 10 10 10 10 

APPW  6 6 6 6 6 
Truncation 
interval [-4,4] [-4,4] [-4,4] [-4,4] [-4,4] 

6.2 Quantization 
The plot in Figure 25 shows four different simulations using different number of bits for the 
representation of the input and the configuration used in the simulations can be found in Table 2. 
Conclusions that can be drawn from the simulation with different word lengths are that the 
number of soft input bit increases the performance up to 6=inW . It is suitable to use six bits for 
the input quantization; hardly any gain with floating point precision. 
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Figure 25 - Simulations with different word lengths 
 
Table 2 - Simulation Configuration - Quantization 

Parameters Simulation 1 Simulation 2 Simulation 3 Simulation 4 
Block size 240 240 240 240 
Number of iterations 4 4 4 4 

Modulation QPSK QPSK QPSK QPSK 

Rate ½ ½ ½ ½ 

Word lengths     

inW  5 6 12 Float 

αβW  9 10 16 Float 

APPW  5 6 12 Float 

Truncation interval [-4,4] [-4,4] [-4,4] None 

6.3 Coded versus Un-coded 
The plot in Figure 26 shows the performance for the decoder using the three modulations that the 
standards support compared to the corresponding un-coded BER for the modulation forms. 
Matlab’s Bertool was used to get the theoretical error rates. By comparing the required Eb/N0 for 
a particular BER level it is possible to find the coding gain. The configuration used in the 
simulations can be found in Table 3. 
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Figure 26 - Coded versus un-coded 

 
Table 3 - Simulation Configuration - Coded versus un-coded 

Parameters Simulation 1 Simulation 2 Simulation 3 
Block size 240 240 240 
Number of iterations 4 4 4 

Modulation QPSK 16-QAM 64-QAM 

Rate ½ ½ ½ 

Word lengths    

inW  6 6 6 

αβW  10 10 10 

APPW  6 6 6 

Truncation interval [-4,4] [-4,4] [-4,4] 

6.4 Input Truncation and Scaling 
The plot in Figure 27 shows the effects on performance of the truncation interval. The 
configuration used in the simulations can be found in Table 4. Conclusions that can be drawn 
from the simulations are that the truncation interval [-4, 4] is the one that gives best results when 
entering Eb/N0-levels of interest. This is more an issue for the parts of the receiver chain placed 
before the CTC decoder since that is where the scaling of the signal is done. 



 

31 

 
 

Figure 27 - Simulations with different truncation intervals 
 
 
Table 4 - Simulation Configuration - Input Truncation and Scaling 
Parameters Simulation 1 Simulation 2 Simulation 3 Simulation 4 
Block size 240 240 240 240 
Number of 
iterations 4 4 4 4 

Modulation QPSK QPSK QPSK QPSK 
Rate  ½ ½ ½ ½ 
Word lengths     

inW  6 6 6 6 

αβW  10 10 10 10 

APPW  6 6 6 6 
Truncation 
interval [-1,1] [-2,2] [-4,4] [-8,8] 
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6.5 Circular State Estimation Method 
The plot in Figure 28 shows the difference in performance between the feedback-method for 
circular state estimation and known circular state. Keep in mind that known circular state is not 
practically possible to implement, as that would require the state to be sent as extra information. 
The configuration used in the simulations can be found in Table 5. 

 
From the plot is it possible to tell that the loss is very small when using the feedback method 
compared to ideal case where the state is known.  

 

 
Figure 28 - Simulations with different circular state estimation methods 
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Table 5 - Simulation Configuration - Circular State Estimation Method 

Parameters 
Simulation 

1 
Simulation 

2 
Block size 240 240 
Number of iterations 4 4 
Modulation QPSK QPSK 
Rate  ½ ½ 
Word lengths   

inW  5 5 

αβW  9 9 

APPW  5 5 
Truncation interval [-4,4] [-4,4] 
Circular state method Known Feedback 

6.6 APP Scaling 
The plot in Figure 29 shows the APP scaling method which has slightly better BER performance 
compared to the approach that is used in the other simulations and in the hardware 
implementation. The configuration used in the simulations can be found in Table 6. 
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Figure 29 - Simulations with APP scaling 

 
Table 6 - Simulation Configuration - APP Scaling 
Parameters Simulation 1 Simulation 2 Simulation 3 Simulation 4 
Block size 240 240 240 240 
Number of 
iterations 4 4 4 4 

Modulation QPSK QPSK QPSK QPSK 
Rate  ½ ½ ½ ½ 
Word lengths     

inW  6 Float 6 Float 

αβW  10 Float 10 Float 

APPW  6 Float 6 Float 
Truncation 
interval [-4,4] None [-4,4] None 

Scaling Factor 
1 (no scaling) 1 (no scaling) 0.75 0.75 
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7 Partitioning 

 
One of the design tasks is to decide where the depuncturing should be done. Should the whole 
decoder be implemented in hardware or would some parts benefit from being performed in SW 
on a DSP? 

 
The load on the bus into the decoder could be reduced if the depuncturing was performed in the 
decoder. A block with N = 240 pairs which is encoded and punctured to a rate 6/5=punctR  
needs the number of bits that is calculated in Equation (23) to be sent to the decoder. If 
depuncturing and padding on the other hand is performed in SW and the depunctured data sent 
over the bus is the number of bits calculated in Equation (24) is needed, the natural rate 
( 3/1=naturalR ) of the duo-binary CTC is then used. 

bitssoft
R

NN
punct

bus 5762
=

⋅
=           (23) 

bitssoft
R

NN
natural

bus 14402
=

⋅
=           (24) 

 
In this example the load on the bus is 60 percent less if the depuncturing is included in the 
decoder compared to if it is performed in SW. It should be noted that the example uses 

6/5=punctR  which is highest rate of the system and therefore the rate where the gain is most 
significant, it is smaller for 2/1=punctR .  
 
A bus between a hardware accelerator and its control units is a critical resource and should be 
used as little as possible. With this in mind the problem is formulated as follows: “Is it possible 
to implement the depuncturing in hardware?” 
 
The answer to the question is yes, it is possible to implement the depuncturing in the decoder 
without decreasing the throughput, but with increase in latency for the decoder. This latency is 
certainly smaller than corresponding latency if the depuncturing would be implemented in SW. 
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8 Hardware Implementation 

When this thesis work started little was known about the best implementation of the algorithm. 
Because of that a lot of time was invested in finding an architecture that would withstand 
changes in the algorithm. The CTC decoder is constructed in a modular manner so changes are 
not made in the whole system but only on the affected module.  

A CTC handler has also been constructed that will handle the communication with peripheral 
units on a bus. The CTC handler takes care of distributing the data received to different parallel 
working CTC decoders so a higher throughput will be achieved. 

All code is written in VHDL and the targeted system for lab evaluation is an Altera Stratix II 
FPGA, even though the code is general and could be synthesized for most FPGA’s on the market 
today. 

8.1 Overview 

An overview of the hardware architecture for the CTC decoder is depicted in Figure 30. 
The input goes to a state machine, which controls the different blocks that is needed to perform 
the CTC decoding. Alpha, beta and APP blocks contain hardware implementations for the 
different parts of the algorithm described in section 5.3.  

State
machine

Alpha

APP

Beta

RAM

IL/DIL

Input

Output

 
Figure 30 - Sketch of CTC decoder 
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APP depends on both alpha and beta so there is a choice to calculate alpha and beta first and then 
APP or beta first and then alpha and APP in parallel. The second alternative was chosen. The 
input is stored in a memory and then used when calculating the beta values which are also stored 
in a memory. Alpha and APP are calculated in parallel so storing the alpha values can be 
avoided. The APP values are then stored in a memory and used in the next iteration. No extra 
operation have to be performed to retrieve the hard bits so they are calculated during every 
iteration but only distributed from the decoder when the configured number of iteration is met. 
The IL/DIL block is used to calculate the addresses for the interleaving and deinterleaving of the 
data that has to be done between the iterations. 

8.2 Functional Description 

Figure 31 shows a timing diagram for the CTC decoder. It depicts the initiation of the decoder. 
To start decoding of a block it is necessary to put the signal newblock high. At the same time 
both the size and the iteration count for the block must be ready. Two cycles later, the decoder is 
configured for the new block size and the number of iterations. Data is then clocked in at each 
clock pulse, and when all the data is clocked in, the decoder starts processing the data. The signal 
finished goes low to indicate that the decoder is working on a block. 

 

clk

newblock

nr_iters 1 to 7

n size

size = 24,36,48,72,96,108,120,144,180,192,216,240

a0

b0
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w20
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b1

y11

w11

y21

w21

a...

b...

y1...

w1...
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an

bn

y1n

w1n

y2n

w2n

a

b

y1

w1
y2

w2
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Figure 31 - Timing diagram for CTC decoder inputs 

 
Figure 32 - Timing diagram for CTC decoder outputs 

 

In Figure 13 the decoder is depicted with two SISO modules, but in reality there is only one. 
Because they are dependent on each other’s output there is no gain to have two SISO modules. 
Therefore the same SISO module works on both the natural order and interleaved data. 
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After the data is stored in a memory the decoder starts with the interleaved data, after the SISO is 
finished the result will be deinterleaved and the SISO starts with the natural order data. The 
reason to start with the interleaved data is that the output will then be in natural order and does 
not need to be deinterleaved. After this a whole iteration has been done. The procedure is 
repeated until the configured number of iterations has been performed. When this condition has 
been met the signal new_data goes high and the resulting data is clocked out continuously while 
new_data is high. Figure 32 shows the timing when the decoder has finished processing the data. 
When the whole block has been clocked out, the decoder goes idle and waits for a new block to 
arrive. The signal finished goes high to indicate this and new_data goes low. 
 
Because all the communication should be done over a bus, a configuration word has been 
introduced to configure the decoder. Every parameter that the decoder needs is in this word. 
Therefore it only takes one bus-cycle to configure the decoder for a new block. In Figure 33 and 
in Table 7 the configuration word is explained in more detail. In the implementation the bus 
width is 64 bits. 

 
 

 
Figure 33 - Configuration word for CTC handler 

 
 
Table 7 - Description of the Configuration Word 
Name Range Description 

Start Decode 9:0 A given sequence to identify the configuration word. 

Blocksize 17:10 Size of the next block. 

Puncture 30:18 Number of data received per block. 

Iters 31:29 Number of iterations. 

Blockid 36:32 The id used to keep track of the different block. 

Not Used 63:37 This part of the configuration word is not used. 
 

Figure 34 is a simplified timing diagram for inputting a new block for decoding. First the 
configuration word is sent and then all the A input values are sent on the bus. All the values for A 
do not fit on the bus, since it is represented with configurable bit size; therefore it takes several 
cycles to transfer all the data over the bus. The same is done for B and after that the Y1 and Y2 
values are sent in pairs until there are no more left and the same for W1 and W2. Depending on 
the rate of the encoder not all the data of Y1, Y2, W1 and W2 is sent over the bus. The decoder 
substitutes empty values in accordance with the puncture configuration received initially. Next, 
the handler looks for an idle decoder to submit the data to, and waits if no idle decoder is found.  
 
When the output from a decoder is ready it is stored and a process waits to get access to the bus 
and put the output on it. Figure 35 shows a timing diagram for this. To maintain the correct order 
of the processed blocks, the block ID is first sent and after that the calculated output.  
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clk

data_in config a b y1,y2 w1,w2

 
Figure 34 – Timing diagram for CTC handler inputs 

 
Figure 35 - Timing diagram for CTC handler outputs 

 

8.3 Generic Parameters 

At compile time, the decoder can be configured with different parameters depending on the 
user’s preferences. The number of bits for the soft input is configurable and is denoted width. 

The number of decoders that will work in parallel in the handler is configurable before synthesis, 
as the bus width. 

The generic parameters can be seen in Table 8. 

 
Table 8 - Generic Parameters and Important Constants 
Generic Parameter Description 

width Number of data bits the soft data is represented with. 

nr_sisos Number of decoders working in parallel. 

bus_width Number of bits on the bus connected to peripheral units. 

    

Constants Description 

max_blocksize = 240 The largest block size that is supported. 

Addr_width = 8 The largest memory needs to hold max_blocksize elements 
calc_width = width+8 All the calculations are done in calc_width bits. 

 

8.4 Interface 

The input and output of the CTC decoder is explained in more detail in Table 9 and Figure 36. 
Table 10 and Figure 37 explain the interface of the CTC handler.  
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Figure 36 - CTC Decoder 

 
Figure 37 - CTC Handler 

 
Table 9 - CTC Decoder Interface 
Signal Name Type Range Dir Description 
Clk std_logic 0 I clk source 
Rst std_logic 0 I asynchronous reset 
Newblock std_logic 0 I If newblock goes high a new block is ready 
N Integer max_blocksize-1:0 I Gives the size of the block 
nr_iterations Integer 15:0 I iterations to be run 
A std_logic_vector width-1:0 I soft input data 
B std_logic_vector width-1:0 I soft input data 
y1 std_logic_vector width-1:0 I soft input data 
w1 std_logic_vector width-1:0 I soft input data 
y2 std_logic_vector width-1:0 I soft input data 
w2 std_logic_vector width-1:0 I soft input data 
Finished std_logic 0 O is high when the decoder is idle 
new_data std_logic 0 O is high when decoded data is ready 
hard_bits std_logic_vector 1:0 O the decoded data bits 

  
Table 10 - CTC Handler Interface 
Signal Name Type Range Dir Description 
Clk std_logic 0 I clk source 
Rst std_logic 0 I asynchronous reset 
data_in std_logic_vector buswidth-1:0 I data from bus 
data_out std_logic_vector buswidth-1:0 O data to bus 
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8.5 Design Verification 

 
Verification has been done both through simulation and through tests on a development card in a 
lab environment. The targeted card was a Stratix II S60 [10].  
 
To simulate the circuit in Modelsim [11] a test bench was written in VHDL. This test bench 
reads input from files that were generated from the bit-true Matlab model. During the simulation 
beta, alpha, APP and output values are written to a file. The values are then compared to the bit-
true Matlab model. All the supported block sizes, different widths on the input were simulated 
and the implementation did not differ from the model. 
 
To verify the circuit on the development card, different strategies were discussed: putting the 
output on test ports and probing them with a logic analyzer; transfering input and output data 
through the Ethernet port on the card; and also the option to use the SignalTap II Embedded 
Logic Analyzer [12]. 
 
Input and output from the Matlab model were stored on two ROMs. Different blocks were stored 
on the ROMs and each block started with a configuration word with a unique ID. The input 
ROM was read from the beginning to the end and started over from the beginning again. When a 
configuration word was read the handler started to decode the block or put it on hold if no 
decoders were ready to decode. When the decoders were finished the test bench compared the 
output with the output stored in the ROM with that unique ID. 
  
To check that outputs generated in the circuit was the same as in the model, SignalTap II 
Embedded Logic Analyzer was used. SignalTap is mapped together with the designed circuit and 
no external instruments were needed. Different trigger conditions can be set and every signal can 
be analyzed through the JTAG interface. The final APP calculations were analyzed and 
compared with the model and it was verified that the metrics were equal. The final APP is well 
suited for verification since it includes all calculation that has been done for the whole block. 
This test was run at a frequency of 100 MHz. 
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9 Results 

A duo-binary CTC decoder were constructed and verified in hardware.  This section contains 
results from the hardware implementation. 

9.1 Features 

• Supports decoding IEEE 802.16 (WiMAX) [15] and DVB-RSC CTC encoded data. 

• Supports all different block sizes stated in IEEE 802.16. 

• Supports all different code rates stated in IEEE 802.16. 

• Different block sizes can be changed at run-time. 

• Different number of iterations can be changed at run-time. 

• Configurable number of bits the soft input is represented with. 

• Configurable number of decoders working in parallel. 

• Tested and verified in 100 MHz for two decoders and 5 bits soft input. 

9.2 Synthesis Results 

Synthesis was done in Quartus II [13] and Synplify Pro [14]. The programs have been run on 
default settings and no options have been set to optimize the implementation for speed.  

The results from the synthesis tools for the CTC decoder can be seen in Table 11 and Table 12 .  

 
Table 11 - CTC synthesized with Synplify Pro, Altera Stratix II S60 speed grade -4 
Width Clk Comb cells FF cells Memory bits used IOs 

4 108.7 MHz 5348 Atoms 2025 Atoms 33024 bits 43 

5 105.7 MHz 5803 Atoms 2236 Atoms 39168 bits  49 

6 94.7 MHz 6243 Atoms 2247 Atoms 45312 bits 55 

7 94.2 MHz 6684 Atoms 2658 Atoms 51456 bits 61 

8 90.5 MHz 7146 Atoms 2869 Atoms 57600 bits 67 
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Table 12 - CTC synthesized with Quartus II, Altera Stratix II S60 speed grade -4 

Width Clk ALUTs ALMs M4K Ios 

4 78.4 MHz 4980 2584 9 43 

5 75.3 MHz 5946 2489 11 49 

6 74.1 MHz 5949 3108 12 55 

7 73.1 MHz 6415 3342 13 61 

8 65.7 MHz 6814 3577 14 67 

Table 13 shows the parameters used for the CTC handler. The whole handler for different 
number of decoders was only synthesized with Synplify Pro. The focus of Table 14 is to 
highlight the area consumption and not the frequency.  

 
Table 13 - CTC Handler 
Parameter Value 

Width 5 

Buswidth 64 

 
Table 14 - CTC Handler synthesized for Synplify Pro, Altera Stratix II S60 speed grade -4 
Decoders Clk Comb cells FF cells Memory bits used IOs 

1 89.2 MHz 7264 Atoms 3098 Atoms 65280 bits 126 

2 87.4 MHz 14044 Atoms 5852 Atoms 104448 bits 126 

3 92.7 MHz 20741 Atoms 8605 Atoms 143616 bit 126 

4 92.3 MHz 27588 Atoms 11358 Atoms 182784 bits  126 

5 79.6 MHz 34078 Atoms 14113 Atoms 221952 bits  126 

 

9.3 Latency and Decoded Data Rate 

The latency and decoded data rate depends on different parameters like block size, number of 
iterations, number of decoders and the clock frequency. 

Depending if the decoder is already working on a block when a new block arrives the latency 
differs, but in the case when there is no workload on a single decoder the latency is described in 
how many clock cycles it takes from the moment the signal new_block goes high and the last 
output is produced. This can be seen in Equation (25). 

)2()722( +++⋅⋅= NNNrNr iterscycles     (25) 
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Here, Nriters is the number of iterations and N is the number of pairs in a block. The term that 
does not depend on Nriters is the number of cycles it takes to initiate the decoder with the new 
input. This initiation can be neglected if you are looking on the throughput for many decoders 
working in parallel. This can be done because the initiation can be done while another block’s 
final values are calculated. This has not been implemented but can easily be done with a read-
before-write memory. 

 The latency depending on the cycles and the clock frequency is calculated as in Equation (26)  
and the decoded data rate in Equation (27).  

f
Nr

Latency cycles=       (26) 
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     (27) 

Several decoders working in parallel on different blocks can be implemented to achieve a better 
throughput.  
The decoded bits per cycle can be seen in Equation (28). 
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Working from the results from the synthesis tools, the frequency 70 MHz was chosen for Table 
15 and Table 16. 70 MHz is a multiple of the bandwidth used in IEEE 802.16e. 

 
Table 15 - Decoded data rate for two decoders with frequency 70 MHz 
Blocksize (N) 2 iters, Mb/s 4 iters, Mb/s 6 iters, Mb/s 8 iters, Mb/s 

24 30,0  15,1  10,1  7,6  

36 31,5  15,8  10,5  7,9  

48 32,3  16,2  10,8  8,1  

72 33,2  16,6  11,1  8,3  

96 33,6  16,8  11,2  8,4  

108 33,8  16,9  11,3  8,5  

120 33,9  17,0  11,3  8,5  

144 34,1  17,0  11,4  8,5  

180 34,2  17,1  11,4  8,6  

192 34,3  17,2  11,4  8,6  

216 34,4  17,2  11,5  8,6  

240 34,4  17,2  11,5  8,6  
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Table 16 - Latency for two decoders with frequency 70MHz 

Blocksize (N) 2 iters, µs 4 iters, µs 6 iters, µs 8 iters, µs 

24 3,1  6,3  9,4  12,6  

36 4,5  9,0  13,5  18,1  

48 5,9  11,8  17,7  23,5  

72 8,6  17,3  25,9  34,5  

96 11,4  22,7  34,1  45,5  

108 12,7  25,5  38,2  51,0  

120 14,1  28,2  42,3  56,5  

144 16,9  33,7  50,6  67,4  

180 21,0  41,9  62,9  83,9  

192 22,3  44,7  67,0  89,4  

216 25,1  50,2  75,3  100,3  

240 27,8  55,7  83,5  111,3  

 

With a small modification the initiation can be neglected and then the decoded bits per cycle can 
be calculated as in Equation (29). 
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The implementation has been verified running at 100 MHz and the synthesis tools indicates that 
between 70MHz and 110MHz is the critical frequency, depending on different tools and 
different widths on the soft input. Both Quartus II and Synplify Pro have been run with default 
settings and no speed optimizations have been set. With this in mind 100 MHz is a value that 
will be used to show the true potential for the implementation. Table 17 and Table 18 show the 
latency and throughput for four decoders working in parallel. 
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Table 17 - Decoded data rate for four decoders with frequency 100 MHz 

Blocksize (N) 2 iters, Mb/s 4 iters, Mb/s 6 iters, Mb/s 8 iters, Mb/s 

24 93,2  46,6  31,1  23,3  

36 95,4  47,7  31,8  23,8  

48 96,5  48,2  32,2  24,1  

72 97,6  48,8  32,5  24,4  

96 98,2  49,1  32,7  24,6  

108 98,4  49,2  32,8  24,6  

120 98,6  49,3  32,9  24,6  

144 98,8  49,4  32,9  24,7  

180 99,0  49,5  33,0  24,8  

192 99,1  49,5  33,0  24,8  

216 99,2  49,6  33,1  24,8  

240 99,3  49,6  33,1  24,8  

 
Table 18 - Latency for four decoders with frequency 100 MHz 
Blocksize (N) 2 iters, µs 4 iters, µs 6 iters, µs 8 iters, µs 

24 2,1  4,1  6,2  8,2  
36 3,0  6,0  9,1  12,1  
48 4,0  8,0  11,9  15,9  
72 5,9  11,8  17,7  23,6  
96 7,8  15,6  23,5  31,3  
108 8,8  17,6  26,3  35,1  
120 9,7  19,5  29,2  39,0  
144 11,7  23,3  35,0  46,6  
180 14,5  29,1  43,6  58,2  
192 15,5  31,0  46,5  62,0  
216 17,4  34,8  52,3  69,7  
240 19,3  38,7  58,0  77,4  
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10 Conclusions 

A summary of the design choices that have been done throughout the report will be presented in 
this section.  
 
Max-log-MAP is the algorithm that has the best trade-off between error correction capability and 
complexity for duo-binary CTC decoding. Modulo normalization and a saturation of the APP 
information enables a simple and fast finite word length implementation of the algorithm. APP 
scaling slightly improves the BER but has not been implemented on the FPGA since it was 
discovered too late in the design flow.  
 
Simulations show that 4-8 iterations are appropriate to retrieve good performance of the decoder; 
additional iterations after the fourth one hardly improve the error correction capability. Similary, 
simulations also show that six bits for the soft input is sufficient. The way to use feedback of the 
ending metrics, alpha and beta, enables a simple and effective implementation that does not 
differ much from the ideal case where the circular state of the decoder is known. 
 
The depuncturing of the received input data can easily be implemented in the hardware without 
any other penalty then an increase in latency of the circuit. 
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11 Future Improvements 

To verify the behavioral of the decoder the model should be tested more comprehensively using 
a more sophisticated channel model. Also, including the decoder model in a reference model that 
includes the whole sender and receiver chain, would for example highlight how the scaling of the 
inputs for the decoder should be done for best performance. 

 
A final product should include support for H-ARQ, Hybrid Automatic Repeat-reQuest, that is 
using an outer block code to decide whether the decoded block is correct or not. If the block was 
found to be incorrect then a retransmission of the block should be requested by the receiver. 
Implementation of H-ARQ leads to more partition issues. Is it best to keep the old bits in the 
hardware accelerator while waiting for the retransmission, or is it more efficient to transfer them 
again from the processor? A future implementation of H-ARQ is hopefully straightforward since 
it has been kept in mind during the design-process of this decoder. 
 
Early stopping is another issue that dramatically can increase the throughput of the decoder, 
especially in high signal to noise ratios. The method looks if the decoder has converged to a 
specific sequence that is then used as the output. This means that processing already correct data 
is avoided. 
 
The communication with the bus, requests and stalls have not been considered and have to be 
thought of in a final product. The outer units need to know if there is no decoder that is free to 
accept a block. Presently, the whole block is dropped if there is no free decoders.  A solution for 
this problem is quite easy to implement when the interface between the outer units and the 
implementation has been established. A random data on the bus can be interpreted as a 
configuration word and this must be handled in a final product.  
 
A lot of work has been done to optimize the speed of the decoder but there are still probably 
improvements to be done. A new revision of the design all the way from the algorithm level and 
down to the technical view in the synthesis tool could improve the speed of the implementation. 

 



 

49 

12 References 

[1] B. Baumgartner, M. Reinhardt, G. Richter, M. Bossert - “Performance of Forward Error 
Correction for IEEE 802.16e”, 10th International OFDM Workshop, Hamburg, Germany, 
August 2005 

 
[2] L.R. Bahl, J. Cocke, F. Jelinek and J. Raviv - “Optimal Decoding of Linear Codes for 

Minimizing Symbol Error Rate”, IEEE Transactions on Information Theory, Volume 20, Issue 2, 
Mar 1974 Pages: 284 - 287 

 
[3] C. Berrou and A. Glavieux - “Near Optimum Error Correcting Coding and Decoding: Turbo-

Codes”, IEEE Transactions on Communications, Volume 44, Issue 10, Oct. 1996 Pages 1261 - 
1271 

 
[4] Y. Ould-Cheikh-Mouhamedou, S. Crozier, and P. Kabal - “Comparison of Distance 

Measurement Methods for Turbo Codes", Proc. Canadian Workshop Inform. Theory (Montreal, 
QC), pp. 36-39, June 2005. 

 
[5]  M. Surendra Raju, A. Ramesh and A. Chockalingam - “BER Analysis of QAM with Transmit 

Diversity in Rayleigh Fading Channels”, IEEE Global Telecommunications Conference, 2003 
GLOBECOM '03, Volume 2, 1-5 Dec. 2003 Pages: 641 - 645 

 
[6] C. Berrou, M. Jézéquel, C. Douillard and S. Kerouédan - “The Advantages of Non-Binary Turbo 

Codes”, IEEE Information Theory Workshop, 2001, Proceedings, 2001 2-7 Sept. 2001 Pages: 61 
- 63 

 
[7]  C. Zhan, T. Arslan, A. T. Erdogan and S. MacDougall - “An Efficient Decoder Scheme for 

Double Binary Circular Turbo Codes”, 2006 IEEE International Conference on Acoustics, 
Speech and Signal Processing, 2006. ICASSP 2006 Proceedings Volume 4, 2006 Pages: IV229 - 
IV232 

 
[8]  Y. Wu, B.D. Woerner, and T. K. Blankenship - “Data Width Requirements in SISO Decoding 

With Modulo Normalization”, IEEE Transactions on Communications, Volume 49, no 11, Nov. 
2001  

 
[9] S.B. Im, M.G. Kim, H.J. Choi - “An Efficient Tail-biting MAP Decoder for Convolutional Turbo 

Codes in OFDM Systems”, IEEE Region 10 Conference,  TENCON 2004 Volume B, 21-24 
Nov. 2004 Pages: 589 - 592 Vol. 2 

 
[10] DSP Development Kit, Stratix II Edition [www]. Taken from 

<http://www.altera.com/products/devkits/altera/kit-dsp-2S60.html> at the 9th of October 2006. 
 
[11] ModelSim [www]. Taken from <http://www.model.com/products/products_se.asp> at the 9th of 

October 2006. 
 



 

50 

[12] SignalTap II Embedded Logic Analyzer [www]. Taken from 
<http://www.altera.com/products/software/products/quartus2/verification/signaltap2/sig-
index.html> at the 9th of October 2006. 

 
[13] Quartus II [www]. Taken from <http://www.altera.com/products/software/products/quartus2/qts-

index.html> at the 9th of October 2006. 
 
[14] Synplify Pro [www]. Taken from <http://www.synplicity.com/products/synplifypro/> at the 9th 

of October 2006. 
 
[15] IEEE 802.16 Std including corrigendum [www]. Taken from 

< http://ieeexplore.ieee.org/servlet/opac?punumber=10676> at the 9th of October 2006. 



 

51 

Appendix A Duo-binary CTC Trellis 
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Figure 38 - Trellis for input AB = 00 
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Figure 39 -Trellis for input AB = 01 
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Figure 40 - Trellis for input AB = 10 
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Figure 41 - Trellis for input AB = 11 
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