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Abstract 

 

In the 3G standards, wireless communication system can support 2 Mb/s. With this data 

rate, multimedia communication is realized on handset. However, it is expected that new 

applications will require even higher data rates in future. In order to fulfil the growing 

requirement of high data rate, 100 Mb/s is considered as the aim of 4G standards. Such 

high data rate will result in very large power consumption, which is unacceptable consid-

ering the current battery capability. Therefore, reducing the power consumption of turbo 

decoders becomes a major issue to be solved. This report explores new techniques for 

implementing low power, small area and high throughput turbo decoders. 
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1. Introduction 

 

Since Berrou, Glavieux and Thitimajshima invented turbo error correction coding [1] in 
1993, turbo codes are playing an important role in the today’s digital communication. 
This is caused by its excellent BER performance that is close to the Shannon channel 
capacity limit. This report describes low power, small area and high throughput tech-
niques of turbo decoder implementation. 
 

1.1. Background 

 

 
Figure 1.1 Model of a digital communication system 

 

The model of a general communication system is presented in Figure 1.1. The task of the 
transmitter in such a system is to transform the information generated by a source into a 
form that can withstand the degrading effects of the transmission channel. The informa-
tion source generates messages containing information to transmit. The source encoder is 
involved for converting the source signal into a binary signal with minimum bits. This 
signal is then encoded by the channel encoder by adding redundancy according to a pre-
defined rule. Finally, the signal is modulated and transmitted to the receiver through the 
channel. At the receiver, the signal is firstly demodulated. The goal of channel decoder is 
to minimize the effect of channel noise. It corrects the errors introduced during transmis-
sion with using the redundancy added by channel encoder. Then, the signal is sent to 
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source decoder to retrieve the original message.  

 

1.2. Motivation 

 

The transmission rate of wireless communication is fast growing. In the 3G standards, 
wireless communication systems can support up to 2 Mb/s. With this data rate, 
multimedia communication is realized on handset. However, it is expected that new 
applications will require even higher data rates in future. In order to fulfil the growing 
requirement of high data rate, 100 Mb/s is considered for 4G standards. Therefore, to 
make a wireless system, which can achieve such high throughput, becomes a challenge 
for communication engineers. Furthermore, the limited battery capacity makes it more 
challenging to keep the power consumption low.  

 

Turbo codes have been chosen as channel coding technique in many existed standards, 
like UMTS and WiMax. As turbo decoders are highly computation and memory 
intensive, they consume a large amount of power. Therefore reducing the power 
consumption of turbo decoders is an important requirement to enable low power wireless 
communication systems. 

 

1.3. Objective 

 

This report is the result of a six-month master assignment at NXP Semiconductor. My 
research is mainly on how to reduce the power consumption of turbo decoders. The most 
important contribution of mine is the invention of a low power technique, “micro 
window”. It results in a patent disclosure. Another three techniques are also introduced to 
lower the power consumption. In addition, two high throughput techniques are explored. 

 

1.4. Reading instructions 

 

o Chapter 2 describes the principle of channel codes, especially convolution codes 
and turbo codes. 

o Chapter 3 explains two important decoding algorithms (SOVA and MAP) of 
turbo decoders. The comparison between SOVA and MAP is also presented. 

o Chapter 4 presents state-of-the-art of turbo decoder implementations. 
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o Chapter 5 introduces several important aspects of implementing a turbo decoder 
using Max-log-MAP algorithm. 

o Chapter 6 proposes four low power techniques. They can lower the power 
consumption of the whole decoder to 38.2%. This chapter is started with the early 
stopping section. Two early stopping criterions are evaluated towards high SNR 
channel. They can eliminate more than 50% iterations and achieve the same BER 
performance in the mean time. My solution for low SNR channel is to reduce the 
iteration upper bound. In section 6.2, micro window technique is proposed, which 
can decrease the size of state metric memory by 2/3 and reduce more than 40% 
power consumption of SISO unit, as well as more than 40% area. Section 6.3 
describes a novel method to decrease the power consumption of extrinsic 
information memory. A general conclusion has been made. Section 6.4 gives out 
a way, rounding off LSB, to reduce the bit width of extrinsic information memory 
without performance loss. In addition, since two techniques, micro window and 
rounding off LSB, reduce the memory size, the chip area is reduced to 3.1-17.6%. 

o Chapter 7 describes two high throughput techniques, parallel window and 
shuffled decoding. 

o Chapter 8 presents my conclusions. 
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2. Channel Codes 

 

When digital data is transmitted over a noisy channel, there is always a chance that the 
received data contains errors. The channel encoder is designed to add redundancy to the 
information sequence and this redundancy is used to correct transmission errors. The 
channel encoder assigns to each message of k bits a longer message of n bits called 
codeword. A good error control code generates codewords, which are as different as 
possible from one another. This makes the communication system less vulnerable to 
channel errors. Each code is characterized by the ratio R = k/n called the code rate. The 
primary goal of error control coding is to maximize the reliability of transmission within 
the constraints of signal power, system bandwidth and complexity of the circuitry. This is 
achieved by introducing calculated redundancy into transmitted signals. This usually 
results in a lower data transmission rate or increased channel bandwidth compared with 
an uncoded system. In this chapter, an introduction to types of channel codes will be 
given. There are two main categories of channel codes: algebraic codes and convolution 
codes. Turbo codes are so-called parallel concatenated convolutional codes obtained by 
combining two convolution codes with a specially designed interleaver. 

 

2.1. Algebraic Codes 

 

The encoder of an (n, k) algebraic code accepts a message of k symbols and transforms it 
into a longer sequence of n symbols called a codeword. The important feature of an 
algebraic code is that a codeword depends only on the last k symbols. For algebraic 
codes, it is possible to calculate the amount of corrected errors in each block. In general, 
both messages and codeword can consist of non-binary symbols. However, algebraic 
codes with binary symbols are most often used due to implementation complexity con-
strains. 

 

In an (n, k) algebraic code there are 2k distinct messages. Since there is one-to-one corre-
spondence between a message and a code word, there are 2k valid codewords. The code 
rate R = k/n determines the amount of redundancy. The often-used algebraic code is 
linear systematic algebraic code, such as Hamming code, Reed-Solomon code and BCH 
code. An (n, k) algebraic code is linear if component-wise modulo-2 sum of two code-
words is another codeword and the code contains the all-zero codeword. In order to be 
systematic, a linear algebraic code should have the additional structure that the message 
sequence is itself part of the codeword. The long-forgotten, recently re-invented LDPC 
codes also fall in the category of linear algebraic codes. 
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2.2. Convolution Codes 

 

Convolution codes have been widely used in applications such as space and satellite 
communications, cellular mobile, digital video broadcasting etc. Its popularity stems 
from the fact that it was the best-performing code before turbo codes and LDPC codes 
were used. Convolution codes are commonly specified by three parameters: (n, k, m). 

 

� n = number of output bits 

� k = number of input bits 

� m = number of memory registers 

� K = m + 1, called constraint length 

 

To convolutionally encode data, start with m memory registers, each holding 1 input bit. 
Unless otherwise specified, all memory registers start with a value of 0. The encoder has 
n modulo-2 adders, and n generator polynomials — one for each adder. The input bits are 
fed into the leftmost register. Using the generator polynomials and the values in the 
remaining registers, the encoder generates n bits. Now the encoder shifts all register 
values to the right one (m1 moves to m0, m0 moves to m-1) and waits for the next input 
bit. 

 

The figure 2.1 is a rate 1/3 (k/n) encoder with constraint length of 3. Generator 
polynomials are G1 = (1, 1, 1), G2 = (0, 1, 1), and G3 = (1, 0, 1). Therefore, output bits 
are calculated (modulo 2) as follows: 

 

� n1 = m1 + m0 + m-1 

� n2 = m0 + m-1 

� n3 = m1 + m-1 
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Figure 2.1 An encoding structure of a (3, 1, 3) convolution code 

 

Convolutional encoders can be represented by trellis diagrams. These diagrams describe 
state transitions expanded in time. The x-axis represents discrete time and all possible 
states are shown on the y-axis. We move horizontally through the trellis with the passage 
of time. The occurrence of a given transition depends on the received bits: each state has 
two outgoing edges, traced by the arrival of either a 0 or a 1. Figure 2.2 shows the 
encoding process by using trellis diagram, in which the input sequence, {0101}, causes 
an output stream as {00 11 10 00}. 
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Figure 2.2 Trellis diagram of a rate=1/2 and K=3 convolution code 
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There are several different approaches to decode convolution codes, which can be 
grouped in two basic categories: Sequential Decoding (Fano algorithm) and Maximum 
likely-hood decoding (Viterbi decoding). Detailed discussions of convolutional decoding 
algorithms are not in the scope of this thesis. If the readers are interested, more 
information can be found in [4] and [5]. 

 

2.3. Turbo Codes 

 

It is well known that a good trade-off between coding gain and complexity can be 
achieved by serial concatenated codes proposed by Forney [6]. A serial concatenated 
code is one that applies two levels of coding, an inner and an outer code linked by an 
interleaver. In 1993, Berrou, Glavieux and Thitimajshima proposed turbo code that 
exploits a similar idea of connecting two codes and separating them by an interleaver. Its 
excellent BER performance and wide range of possible applications, such as personal 
wireless communication and satellite communication, win a lot of attention. The 
difference between turbo codes and serial concatenated codes is that in turbo codes two 
identical systematic component encoders are connected in parallel. The information bits 
for the second encoder are not transmitted thus increasing the code rate relative to a serial 
concatenated code. 

 

2.3.1. Turbo Encoding 

 

A turbo encoder is formed by parallel concatenation of two recursive systematic 
convolutional (RSC) encoders separated by a random interleaver. The encoder structure 
is called parallel concatenation because the two encoders operate on the same set of input 
bits, rather than one encoding the output of the other. Therefore, turbo codes are also 
referred to as parallel concatenated convolutional codes (PCCC).  

 

The turbo encoder of the 3rd Generation Partnership Project (3GPP) standard [7] is shown 
in figure 2.3. The generator polynomial of the 8-states RSC encoder is shown in equation 
2.1. This rate 1/3 encoder generates three output bits for each input bit. Each RSC 
encoder contains three registers and four modulo 2 adders. When starting to encode the 
inputs, the initial values of those registers are set to all zeros. The outputs are “x1, z1, z'1, 
x2, z2, z'2 … xK, zK, z'K”, and “z1, z2 … zK” and “z'1, z'2 … z'K” are the bits outputted from 
first and second 8-state RSC encoders, respectively. The interleaver separating two RSC 
encoders can be applied to the block size from 40 to 5114 bits.  
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Figure 2.3 The turbo encoder of 3GPP standard [7] 

 

 

 

2.1 

 

Trellis termination is performed by taking the tail bits from the shift register feedback 
after all information bits are encoded. Tail bits are padded after the encoding of informa-
tion bits. The first three tail bits shall be used to terminate the first RSC encoder (upper 
switch of figure 2.3 in lower position) while the second RSC encoder is disabled. The 
last three tail bits shall be used to terminate the second RSC encoder (lower switch of 
figure 2.3 in lower position) while the first RSC encoder is disabled. The transmitted bits 
for trellis termination shall then be “xK+1, zK+1, xK+2, zK+2, xK+3, zK+3, x'K+1, z'K+1, x'K+2, z'K+2, 
x'K+3, z'K+3”. 

 

2.3.2. Turbo Decoding 

 

The decoder shown in figure 2.4 receives the data stream that has been interfered by the 
channel noise. Its task is to correct errors contained and retrieve the original message. 
The decoder consists of two component decoders concatenated via an interleaver, 
identical to the one in the encoder and a corresponding de-interleaver. 
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First, the Soft Input/Soft Output (SISO) decoder is executed for decoding RSC 1. Then 
SISO decoder 2 is executed for decoding RSC 2, using a-priori information λas2 

generated from extrinsic information λes1 of the first SISO decoder by the interleaver. In 
the next iteration (a combination of SISO 1 followed by SISO 2 is called an iteration), 
SISO decoder 1 is executed again, but now using extrinsic information λas1 from the 
second SISO decoder as a-priori information. This schedule can be continued until some 
stopping criterion is met. 

 

 

Figure 2.4 Turbo decoder [8] 

 

We get the intrinsic Log-Likelihood Ratios (LLR) λi by multiplying the received signal r 

with (
0

4

N

A⋅
) [8]. The outputs of the SISO modules are extrinsic LLRs (λe). The (de-

)interleaver transforms the extrinsic LLR λe to a-priori LLR λa for the next SISO decoder. 
The superscripts stand for: {systematic, parity}, {SISO1, SISO2}. ‘N0’ represents the 
noise level on the AWGN channel, and ‘A’ is the amplitude of the signal transmitted. 
The SISO decoder calculates extrinsic systematic information (λes) and soft-output 
information ( )( kdΛ ) for each systematic bit received. The algorithms for SISO decoder 

are explained in the next chapter. 
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3. SISO Algorithms 

 

SISO unit, as shown in figure 2.4, is the key component of turbo decoders. This chapter 
explains two most popular algorithms of turbo decoders that are SOVA (soft output 
viterbi algorithm) and MAP (Maximum A-Posteriori) in section 3.1 and 3.2 respectively. 
Section 3.3 compares the performance and cost of those two algorithms. 

 

3.1. SOVA Algorithm    

 

SOVA is an algorithm derived from Viterbi algorithm family. Viterbi is an efficient hard 
decision algorithm for implementing trellis decoding. Since it only produces hard 
decisions, but the component decoders of turbo decoders should output soft values, 
Viterbi algorithm can not be applied to SISO unit directly. SOVA uses a modified path 
metric which takes into account the a-priori probabilities of the input symbols, and 
produces a soft output indicating the reliability of the decision.  

 

In Viterbi algorithm, only the survivor path metric is stored and the value of the loser is 
discarded. For this reason, information about the reliability of the selected path becomes 
unknown. Different from Viterbi, SOVA saves not only the survivor path metric, but also 
the path metric difference at each place where 2 paths merge. These path metric 
differences are later used to produce soft output. Larger the difference, stronger is the 
confidence value of the decision made for that transition. When reconstructing the most 
likely path, the hard decisions are used, as in Viterbi decoding, starting at the end of 
trellis (the solid line). For producing soft information, we use the differences between the 
most likely path and the most likely path when choosing the other path in first step 
(dashed line). By calculating the differences between the two paths until they converge, a 
measurement for the reliability of the decision is obtained. 
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Figure 3.1 The decoding procedure of SOVA [8] 

 

3.2. MAP Algorithm 

 

In 1974 an algorithm, known as the Maximum A-Posteriori (MAP) algorithm, was 
proposed by Bahl, Cocke, Jelinek and Raviv for estimating the a-posteriori probabilities 
of the states and the transitions of an observed Markov source, when subjected to 
memoryless noise. This algorithm has also become known as the BCJR algorithm, named 
after its inventors. They showed how the algorithm could be used for decoding both 
algebraic and convolutional codes. The MAP algorithm examines every possible path 
through the convolutional decoder trellis and therefore initially seemed to be unfeasibly 
complex for application in most systems. Hence, it was not widely used before the 
discovery of turbo codes. The MAP algorithm provides not only the estimated bit 
sequence, but also the probabilities for each bit has been decoded correctly. This is 
essential for the iterative decoding of turbo codes and makes the MAP algorithm very 
suitable for turbo decoders. 

 

As mentioned in section 2.3.1, tail bits are used to terminate trellis at all zero states. It 
makes it possible to decode from the last state to the first one (called backward recursion). 
Correspondingly, the procedure of decoding from the first state to the last one is named 
forward recursion. In addition, the probability of occurrence of a state is called the state 
metric. A state metric is calculated by taking the sum of the previous state and the branch 
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metric of the transition. From two transitions leading to the same state, the transition with 
the maximum state metric is selected. α and β stand for the state metrics in the forward 
recursion and backward recursion respectively. 

 

The original MAP algorithm is extremely complex. However, much work has been done 
to reduce this complexity. P. Robertson [9] proposed a simplified MAP algorithm, Log-
MAP. The computation equations of this algorithm used for calculating soft output, α 
value, β value, branch metric and extrinsic information are given by equation 3.1 – 3.5. 

 

 

 

3.1 

 

 
3.2 

 

 
3.3 

 
 

3.4 

  3.5 

 

λe(dk)      extrinsic soft-output information of bit dk 

)(~
k mα      forward recursion state metric of state m in trellis step k 

)(
~

k mβ      backward recursion state metric of state m in trellis step k 

),(~
i mkλγ

ρ
 branch metric if state is m  and received bit is i at trellis step k 

 kλ
ρ

       Log-Likelihood Ratio’s λis
k, λas

k, and λipk 

 λis
k       Systematic intrinsic information of trellis step k 

 λas
k       Systematic a-priori information of trellis step k 

 λipk      parity intrinsic information of trellis step k 

 p(m,i)     parity bit if current state is m and systematic bit is i 

 

In order to remove the logarithmic computation and further reduce the complexity, 
Jacobian transformation is introduced. This transformation is shown in equation 3.6. 
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 Ln (e a +e b ) = Max (a, b) - ln (1 + e || ba−− ) 
              = Max (a, b) - f c  ( || ba − )  

            = Max� (a, b) 
                   ≈  Max (a, b) 

3.6 

  

If the logarithmic computation is substituted by Max (Max�) computation, the MAP 
algorithm is modified to Max(Max�)-Log-MAP. The Max-Log-MAP algorithm is 
described by the following equations: 

 

 

 

3.7 

 

 
3.8 

 

 
3.9 

 

The operations are summarised in the flowchart of figure 3.2. When the channel inputs 
are received, they and the a-priori information (which are provided in an iterative turbo 
decoder by the other component decoder) are used to calculate the branch metric. In the 
forward recursion, α values are calculated by using α values of the previous trellis step 
and branch metrics. β values are calculated by using β values of the next trellis step and 
branch metrics in the backward recursion. As branch metrics, α values and β values are 
all available, extrinsic information is produced. 
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Figure 3.2 Operations in the MAP algorithm 

3.3. Comparison between SOVA and MAP 

 

In computation of the log likelihood ratio for each received symbol, the MAP algorithm 
considers all paths in the trellis, but divides them into two sets, one that has a bit one and 
the other that has a bit zero. It then calculates the log likelihood ratio for all of these two 
sets. The Max-Log-MAP considers only two paths per step: the best path with bit zero 
and the best path with bit one. It computes the LLR for each of the paths and returns its 
difference. The SOVA also takes two paths. One is the ML (Maximum Likelihood) path 
and the other is the best path with the complementary symbol to the ML path.  

 

For a quantised implementation, Log-MAP algorithm is identical to Max�-Log-MAP. It 
also means that MAP can be implemented by a look-up table. A complexity comparison 
between Max-Log-MAP, Log-MAP and SOVA is presented by P. Robertson in [9]. If 
one bit comparison is assumed to cost the same as one bit addition, the Max-Log-MAP 
algorithm is about twice as complex as SOVA for M=3. 

 

H. Krauβ [10] indicated that the performance difference between the MAP and SOVA 
could be compensated by increasing the number of iterations of SOVA for some block 
lengths and SNR. However, for other block length and SNR, MAP can achieve the 
performance that can not be realised by using SOVA. Therefore, if the design is strictly 
constrained by the hardware cost, SOVA is preferred. Nevertheless, due to the high 
requirement of the BER in the modern communication systems, MAP family is more 
popular now, especially after the appearance of the simplified MAP algorithms (Max�-
Log-MAP and Max-Log-MAP). In the following chapters, I focus on the implementation 
of Max-Log-MAP algorithm and all of my simulations and RTL model are based on 
Max-Log-MAP. 
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4. State of the Art 

 

Though turbo decoder has been investigated for more than 10 years, many researchers 
are still working hard to reduce the power consumption and increase the throughput 
nowadays. I list three results published recently as following: 

 

Year Reference Technology 

(µm) 

Iterations Area 

(mm2) 

Throughput1 

(Mbps) 

Power 

2006 [11] 0.18 5 N/A 10 157 
mW2 

15.7 
nJ/b 

2004 [12] 0.18 5 0.6 5 63 mW 12.5 
nJ/b 

2002 [13] 0.18 Early 
stopping 

14.7 80.7 1009 
mW3 

12.5 
nJ/b 

Table 4.1 Three turbo decoders published recently 

 

H. Choi introduces a new method, reversed calculation, to reduce the number of memory 
accesses in [11]. Half size of the state metric memory is removed. The authors declare 
that 80% accesses of the state metric memory are reduced through the reverse calculation, 
and the power consumption and memory size of the SISO is reduced by 34.4% and 
39.2%. Note that the data path for the reverse calculation is complicated and a large 
amount of extra computation consumes reasonable power. Another disadvantage is it 
increases the latency of the critical path.  

 

I. Al-Mohandes proposes a rate-1/3 8-state log-MAP turbo decoder architecture [12] for 
third-generation (3G) wireless high-speed data terminals. Several architectural and logic 
level techniques are applied through the design process to reduce area, power 
consumption, and increase throughput of the turbo decoder. It works at a maximum clock 
frequency of 100 MHz achieving data rates of up to 5 Mb/s with 5 decoding iterations. In 
this paper, authors made many small modifications to the proposed decoder, which 

                                                 
1 It is assumed that the clock frequency is 100 MHz and iteration number is 5. 

2 The authors do not indicate the power consumption of the whole turbo decoder. This power estimation is based 
on the assumption that SISO consumes 50% power of the whole decoder.  

3 The original data of power in the paper is estimated based on technology 0.35 µm. Here they are scaled down by 
facot 4 to obtain power figures for 0.18 µm technology. 
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results in good performance. However, there is no technique breakthrough presented. In 
addition, the proposed turbo decoder is dedicated to third-generation wireless 
communication, so the throughput and clock frequency is not high. 

 

In [13], A. Giulietti proposes an 80.7 Mb/s turbo codec. The parallel architecture with 7 
workers decrease latency and increase throughput. Meanwhile, a dedicated interleaver 
design technique makes it possible to transfer values between parallel MAP modules and 
intrinsic/extrinsic partitioned memories without delays. In some other papers [24] [25], 
authors also claim that they have developed very high speed turbo decoders which can 
achieve several hundred Mb/s or even 1 Gb/s throughput. All of them, however, take 
advantage of the parallel interleavers designed by themselves. Since interleavers have 
already been defined in standards, it is not realistic to assume self-designed interleavers. 
In this report, we do not take into account those parallel interleavers and focus on the 
UMTS interleaver. 
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5. Implementation Aspects 

 

The diagram of a turbo decoder architecture is shown in figure 5.1. The SISO unit is the 
key component of the decoder. Instead of using two SISO decoders for the two 
functional SISO blocks (figure 2.4), one SISO unit is used for both. Next to the SISO 
unit, there are four memories. The input buffer is the memory storing the received bits 
from the channel and the interleaver is implemented by a look-up table. Both data 
memories are used to store the extrinsic values generated by the SISO unit. For 
implementing the first SISO from figure 2.4, the SISO unit reads from memory 1 and 
writes to memory 2. For implementing the second SISO, the unit reads from memory 2 
and writes back to memory 1, after which the next iteration can be started. 

 

 

Figure 5.1 Turbo decoder block diagram 

 

This chapter introduces the aspects of implementing a turbo decoder using Max-log-
MAP algorithm. In the next sections, the choice of SISO algorithm and sliding window 
technique are explained. In section 5.3 and 5.4, I searched for the optimized parameters 
and method for quantization and normalization. Section 5.5 describes how to process tail 
bits. At the end of each section, I make conclusions and indicate my choices. Those 
choices are verified in my C model and implemented in RTL. 
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Memory  
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5.1. SISO algorithm choice 

 

As described in chapter 3.2, Max-log-MAP and Max�-log-MAP are two main 
implementation variants of log-MAP algorithm. In the log-MAP algorithm, we have to 
evaluate the function ln(e a +e b ). In the Max-log-MAP and Max�-log-MAP, this 
function is implemented as: 

 

 Ln (e a +e b ) = Max (a, b) - ln (1 + e || ba−− ) 
              = Max (a, b) - f c  ( || ba − )  

            = Max� (a, b) 
                   ≈  Max (a, b) 

5.1 

 

It is clear that the only difference between them is the negligence of the correction factor 
f c (x) of the Max�-log-MAP. That correction factor can be implemented as a look-up 

table. For a quantised implementation this look-up table correction function can be an 
exact implementation form of ln(1 + e || ba−− ). In general, it is an approximation. Two 
options of implementing the look-up table are shown in the equation 5.2 and 5.3. 

 

 

 

5.2 

 

 

5.3 

 

Max�-log-MAP can achieve the performance within 0.1dB to that of Log-MAP [9], 
whereas Max-log-MAP can achieve the performance within 0.4dB compared to Log-
MAP at required BER performance. Note that the implementation of Max�- log-MAP is 
about 40% more complex than that of Max-log-MAP, due to the correction function. 
Furthermore, those additions appear in the critical path, which increase the latency.  

 

By scaling the extrinsic information, the performance loss of Max-log-MAP is decreased. 
The cost of multiplication can be reduced by choosing the scaling factor S equal to 0.625 
or 0.75. The scaling increases the delay of the Max-variant, but it is lower than the delay 
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of the Max�-variant with its additional LUT. As a result, applying the scaling variant is 
a good trade off between cost and performance. The simulation results of different scal-
ing factors are shown in figure 5.2 and 5.3. 

 

Block size 2048; Window size 64; 

8 bits state metrics; 6 bits extrinsic values; 5 bits channel inputs
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Figure 5.2 BER versus Eb/No for different Extrinsic scaling factor S 

 



   

   20 

Block size 2048; Window size 64; 

8 bits state metrics; 6 bits extrinsic values; 5 bits channel inputs
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Figure 5.3 FER versus Eb/No for different Extrinsic scaling factor S 

Figure 5.2 shows that when SNR is lower than 1.4dB, the BER performance with scaling 
factor (both 0.625 and 0.75) are much better than that without scaling factor and 0.625 
and 0.75 turn to be the better one alternatively. However, as SNR grows, non-scaling 
achieves the similar performance as others.  

 

In figure 5.3, we can see that 0.75 performs better than 0.625 when comparing FER. As 
SNR is larger than 1.3dB, the performance with the scaling factor, 0.625, is even worse 
than the performance without scaling factor.  

 

The above results can be explained by the equation 5.2 and 5.3. When the SNR is low, 
the reliability of the extrinsic information is low, so the value of the correction function is 
large, which means the extrinsic information needs to be scaled down by a small value. 
That is why 0.625 has the best performance at the beginning. As the channel becomes 
better, the value of the correction function decreases and even turns to zero at the end, so 
the scaling factor should be set to a value close to one. Moreover, the reliability of extrin-
sic information increases at each iteration. Correspondingly, the optimized scaling factors 
for iterations increase according to the same principle. 

 

Due to the time limit, my simulation did not achieve high SNR point. In my simulations, 
0.75 always performs better than non-scaling. However, based on the theory, non-scaling 
has the best performance when SNR is high. I conclude that changing the scaling factor 
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dynamically can cause the best performance. That is, when  the SNR is low, 0.75 is 
adopted, but later, 0.75 is substituted by 1, which means that we don’t do scaling. In this 
way, the extra shift and addition are eliminated. However, in order to make use of this 
method, additional units for channel estimation and logic control are required. The cur-
rent techniques of channel estimation are not accurate enough. Therefore, I decide to use 
0.75 as the fixed scaling factor. 

 

5.2. Normalization 

 

In accordance with the increasing trellis steps and iterations, the values of state metrics 
grow to large numbers. The LLR computations, however, only depend on the relative 
distance between the state metrics. This feature enables us to normalize state metric 
values without decreasing the performance. There are three main options: 

 

� Subtracting a predetermined constant from all the state metrics [16] 

� Subtracting the maximum or the minimum state metric from all the state metrics at 

each trellis step [16] 

� Subtracting a certain state metric from all the state metrics [8] 

 

The main advantage of the second method is that it is very easy to implement. The disad-
vantages are that it is difficult to determine a suitable subtracted value in advance and it 
increases the latency of the decoder. 

 

The third option is to subtract the maximum or the minimum state metric from all the 
state metrics at each trellis step. Obviously, we need to find out the maximum or 
minimum value first, which costs extra computations and causes a latency even longer 
than the second method. As compensation, we get a lower memory requirement. 

 

In [8], J. Dielissen presents the fourth technique, which combines the advantages of the 
previous solutions. The memory requirements of this solution and the previous one are 
equal and the number of additions can be reduced with 8 (2u), since the first state metric 
is always zero. A disadvantage of this solution is that, for Max-log-MAP, the subtraction 
is after the Max operation in the recursive critical path. J. Dielissen gives out two 
solutions to solve this disadvantage in [8]. The first is scaling the input vector instead of 
the output vector, resulting in an 8 bits larger state metric vector. The second solution is 
propagation of the last subtraction into the previous maximum operation. In this thesis, 
this normalization technique is used in all simulations and also the RTL model. 
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5.3. Quantization 

 

Since the floating point MAP logarithm is very complex and cannot be realized in hard-
ware directly, quantization is employed to change input data, arithmetic calculations and 
intermediate parameters from floating point to fixed point. Quantization is the procedure 
of constraining something to a discrete set of values, such as an integer, rather than a 
continuous set of values, such as a real number. A careful trade-off of quantization 
scheme needs to be made between performance and area as well as power. Employing 
more bits for storing data can decrease the Bit-Error-Rate, since more information is kept. 
However, Since the MAP algorithm is very memory intensive, adding more bits will 
increase sharply the chip size and the power consumption.  

 

As many researchers did in their papers [8] [11], the extrinsic values are assumed to have 
two more bits than the channel inputs. In order to avoid overflow, the state metric needs 
two more bits than the extrinsic information. For instance, if 4 bits are chosen to 
represent channel inputs, 6 bits and 8 bits are required to store the extrinsic information 
and state metrics respectively. Figure 5.4 and 5.5 show that utilizing 5 bits channel inputs 
(7 bits extrinsic information and 9 bits state metrics) results in much better performance 
than that of using 4 bits channel inputs (6 bits extrinsic information and 8 bits state 
metrics), while the difference between the performance of adopting 5 bits channel inputs 
(7 bits extrinsic information and 9 bits state metrics) and that of using 6 bits channel 
inputs (8 bits extrinsic information and 10 bits state metrics) isn’t large compared with 
the implementation costs.  
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Block size 2048; Window size 64; Scaling factor 0.75
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Figure 5.4 BER versus Eb/No for different precisions 
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Figure 5.5 FER versus Eb/No for different precisions 
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Note that we assumed the extrinsic values have two more bits than the channel inputs as J. 
Dielissen did in [8]. Figure 5.6 shows that if the channel inputs are represented by 5 bits, 
6 bits extrinsic information has the same performance as 7 bits, but using 5 bits to store 
the extrinsic information causes a bad performance. Therefore, extrinsic information 
should have at least 1 bit more than the input data. 
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Figure 5.6 BER versus Eb/No for different precisions 

 

In order to prevent overflows, saturation (on overflow the result keeps the maximum or 
the minimum value) is introduced. When 5 bits and 6 bits are chosen to store the channel 
inputs and extrinsic information respectively, 9 bits are required to store state metrics. 
Figure 5.7 shows how the overflow affects the BER performance. Though 8 bits are not 
enough to prevent state metrics from overflowing (simulations show that the probability 
of overflowing is less than 2%), the performance is not influenced, which gives us a 
chance to save one bit for state metrics. 
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Block size 2048; Window size 64; Scaling factor 0.75
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Figure 5.7 BER versus Eb/No for different precisions 

 

Summarizing the results: 

 

� Received signals are linearly mapped on a 5-bits LLR word, including one sign bit 

� A-priori LLR use 6-bit words, including one sign bit and have the same number of 

bits behind the point compared with received LLR 

� 8 bits, including one sign bit, are used to store state metrics. 

 

5.4. Sliding Window 

 

Implementing a full block decoding requires a large amount of memory for storing the 
state metrics. This section introduces the sliding window technique that reduces the size 
of state metrics memory. 

 

In the full block implementation, the backward recursion cannot start until the forward 
recursion is completed. Therefore, state metrics of a full block must be stored. When the 
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block size is 2048, it results in a memory size as: 114688872048 =××  bits. The sliding 
window technique divides a message block into several windows. The backward 
recursion starts at the end of each window. In this way, the state metrics memory is 
reduced to the window size. Obviously, in this technique, the backward recursion has to 
be initialized by approximate values for each window. This initialization can be done in 
two ways: 

 

� Training calculation: producing values by training calculation (figure 5.3) 
� Next Iteration Initialisation (NII): using the corresponding state metrics produced at 

previous iteration (figure 5.4) 

 

Training is a well-known technique, where the metric computation is started a few stages 
ahead (generally 10 times the constraint length for a realistic channel) with uniform state 
metrics, for example all zero state metrics. At the end of the training calculation, the state 
metrics converge to an estimation of the correct state metrics. This method is explained 
in Figure 5.8. Training increases the computational complexity, latency and the power 
dissipation of the decoding process.  

 

NII is another technique for initialization [14] based on metric values computed at the 
same trellis step of the previous iteration. This method requires extra memory to store 
those state metrics, which are used later in the next iteration for initialization. The 
schedule of NII is shown in Figure 5.9. The computational complexity and latency of 
decoding are not affected. Therefore, NII is more flexible, compared with training 
calculation. I choose NII in this report, but this choice can change per implementation 
depending on area/power optimizations. 
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Figure 5.8 Sliding Window with training calculations 

 
 

 

Figure 5.9 NII Sliding Window 
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5.5. Tail bits 

 

As introduced in section 2.3.1, trellis termination is performed by adding tail bits in 
UMTS. In the decoding process, a-priori values of information bits are produced by one 
SISO unit and passed to the other one. Since tail bits of the first RSC encoder are not 
related to those of the second RSC encoder, they should not be used in the next half 
iteration. 

 

The method to deal with tail bits is to set an initial stage in which tail bits are used to 
calculate the backward state metrics of the last information bit. Those state metrics are 
stored and in the following decoding iterations loaded to initialize the backward recur-
sion. That is to say, tail bits are only calculated once. 

 

Another method is to treat tail bits as normal information bits and calculate the a-priori 
values of tail bits, but instead of passing those a-priori values to the next half iteration, 
they are used in the next iteration.  

 

Through simulations, we found the BER of the second method is only decreased by 
about 0.01dB, compared with the first method. Considering the extra cost and the irregu-
larity (the last window containing tail bits should be processed differently from other 
windows) caused the second one, I chose the first method in my implementation. 
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6. Low Power Techniques 

 

Reducing the power consumption of turbo decoders is the key issue to be solved in this 
thesis work. In this chapter, four independent low power techniques are introduced. Two 
of them also result in the reduction of chip area and the others do not affect area. Section 
6.1 introduces two early stopping criteria to decrease the iteration number. In section 6.2, 
micro window technique is proposed to reduce the power consumption of SISO. Section 
6.3 explores the possibility of reducing the power consumption by scaling down the 
supply voltage of extrinsic memory beyond fail-safe. Section 6.4 describes a method to 
lower the power consumed in the extrinsic memory by reducing its bit width.  

 

As shown in the figure 6.1, state metric memory and extrinsic memory consume 28% and 
18% power of the whole decoder separately. Therefore, to reduce the power consumption 
of them can result in a significant drop of the overall power consumption. The 
comparison between a turbo decoder using those lower power and small area techniques 
and that without using any special technique will be presented in chapter 8. 

 

 

figure 6.1 Power division of turbo decoders 
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6.1. Early Stopping 

 

One important parameter of a turbo decoder is the number of iterations. The more itera-
tions a turbo decoder runs, the lower BER it achieves. However, it also implies more 
power and lower throughput. This chapter will make the trade off between the perform-
ance and other aspects.  

 

If a fixed iteration criterion is adopted and the number of iteration is set to eight, two 
situations can be distinguished: 

 

� High SNR: There are only a few error bits in the received code. For a certain 
message block, all errors have been corrected after 3 iterations. Due to the fixed 
iteration criteria, 5 unnecessary iterations have still to be executed. 

� Low SNR: In the condition of a low SNR channel, it’s very likely that the decoded 
block still contains some errors when eight iterations have been completed and the 
BER decreases very slowly after a certain number of iterations. So it’s inefficient to 
run 8 iterations towards those severely interfered blocks. 

 

6.1.1. High SNR Channel 

 

Various stopping criteria have been proposed: 

 

� Hard Decision Assisted (HDA) [18]: Checking if the hard decisions of the SISO one 
and that of the SISO two are identical or not. This solution will be discussed later. 

� The encoder provides an error detection mechanism (e.g. Cyclic Redundancy Check) 
and the decoder detects if the decoded data is likely to be correct. This method needs 
to modify the encoder and is therefore not generally applicable. [8] 

� The decoder calculates a checksum over the message and if the checksum is equal 
over 2 iterations, the message can be considered as correct. The drawback is that it 
can not detect the same error in the two consecutive iterations. [8] 

 

For the first option, an HD memory is required to store the one bit hard decision of the 
previous SISO unit. However, the output of the decoder can be acquired from this HD 
memory directly and reading data from the extrinsic memory is avoided. Therefore, this 
hard decision storage gives easy output production and is also employed by most turbo 
decoders that do not use HDA early stopping. Because the cost is only a one-bit 
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comparison circuit, the first advantage of HDA is that it’s cheap implementation. 
Another advantage is that the decoding process can be terminated after either SISO one 
or SISO two. Comparing with those early stopping criteria in which it’s only possible to 
stop after SISO two, this method is more flexible and can save one more “half-iteration” 
in some situations. The simulation results of HDA are shown below: 
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Figure 6.2 BER versus Eb/No for early stopping HDA and 8 fixed iteration  

when block size = 320 
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Block size 2048; Window size 64; Scaling factor 0.75
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Figure 6.3 BER versus Eb/No for early stopping HDA and 8 fixed iteration 

when block size =2048 

 

In figure 6.2 and 6.3, we can see that HDA works fine when the block size is small, 
because the BER doesn’t hit the error floor before 2dB. When the block size is large, 
HDA doesn’t decrease the performance in the low SNR situations. The BER, however, 
increases a lot for the large block size and high SNR and the error floor of HDA is about 
1 dB higher than 8 fixed iterations. The explanation for the low SNR situation is that it’s 
very unlikely to meet the requirement of HDA when SNR is low, so HDA causes an 
early stop seldom and it has a few chances to make wrong choice. The difference of BER 
performance between HDA and hard stop criterion under high SNR is caused by that 
HDA can’t detect those mistakes made by both SISO one and SISO two, which means 
the decoding process is terminated when the message still contains errors and further 
iterations can correct those errors. 

 

The author proposes two early stopping criteria for high SNR: 

 

� HDA2: Checking if the hard decisions of three consecutive half-iterations are 
identical or not. 

� Hybrid early stopping: if the hard decisions of the SISO one and that of the SISO 
two are identical and the absolute value of all soft outputs exceed a predetermined 
threshold, the decoding process is stopped. 
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Those two options are very easy to implement. Compared with HDA, the first criterion 
only requires one extra flag bit to indicate if the two previous half-iterations make the 
same hard decisions or not. The extra hardware cost of the second option is just a 
compare unit, but for each half-iteration, sPB ⋅  additions are increased, where B is the 

block size and Ps is the precision of soft outputs. The comparison of the proposed early 
stopping criteria and the hard iteration criterion, obtained by simulations, is illustrated in 
figure 6.4 and 6.5. Figure 6.5 includes the curve of “the least iterations without 
decreasing performance”. It is acquired by comparing the decoding results with the 
correct data. If they are identical, the decoding is stopped and the number of iterations is 
recorded. 
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Figure 6.4 BER versus Eb/No for early stopping criterions and 16 fixed iteration 
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Block size 2048; Window size 64; Scaling factor 0.75
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Figure 6.5Iiterations versus Eb/No for early stopping criterions and fixed iteration 

 

Comparing the curves of figure 6.4, we can observe that if SNR is lower than 1 dB, the 
BER performances of HDA2 and hybrid early stopping are very close to that of 16 fixed 
iterations. If SNR is higher than 1 dB, the hybrid early stopping still performs very well 
and the caused increasing of BER is smaller than 0.15 dB, but HDA2 results in a 
relatively large loss of performance. It is interesting to note that if the system 
requirement of BER is 10-6 (general value), HDA2 is a good choice due to its low cost. 
However, if the system requires a lower BER, the hybrid early stopping is recommended. 

 

6.1.2. Low SNR Channel 

 

In [19], W. Lee proposed DHDD (difference of hard decision decrease) in order to suit in 
the low SNR channel. They calculate the difference of hard decision decrease and com-
pare DHDD with a threshold that is set in 1/100 frame size. However, this criterion 
causes a large performance loss for both low SNR and high SNR channel, which is unac-
ceptable. Here, I settle the low SNR problem in a different way. 

 

Not only the fixed iteration decoder needs a predetermined iteration number, but also the 
decoder with early stopping requires an upper bound of iteration number. Otherwise, the 
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latency of decoding some bad message block will become unacceptable. Figure 6.6 
shows how different iteration numbers affect BER. 
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Figure 6.6 BER versus Eb/No for different iteration number 

The simulation indicates that when SNR is smaller than 0.4 dB or bigger than 1.2 dB, the 
performance gain from increasing the iteration upper bound is little, while increasing the 
iteration number from 8 to 12 is useful when the SNR is in the range from 0.4 dB to 1.2 
dB. With using early stopping techniques, the difference of the average iteration number 
is reduced to a value between 0.3 and 2.  

 

In order to save some inefficient iterations for the low SNR situation, the easiest and 
most efficient way is to reduce the iteration upper bound to a small value, such as 4. 
Certainly, we can do the same thing to the high SNR channel as well, but it will not 
affect the average iteration number much, since at most time the decoding process is 
stopped by the early stopping criterion before the upper bound of iterations is reached. 
To sum up the conclusion: 

 

� When SNR is lower than 0.4 dB, the upper bound of iteration number is set to 4. 

� When SNR is lower than 0.4 dB, we use 12 as the upper bound of iteration number. 
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Note that the upper method is also related to channel estimation and the simulation data 
is based on AWGN channel. In realistic case, the SNR boundary should be determined 
by experimental data. 

 

6.2. Micro Window  

 

This section is cancelled for confidential reasons. 

 

6.3. Scaling  Down the Supply Voltage of Extrinsic Memory beyond 

fail-safe 

 

This section proposes a novel way to lower the power consumption of the extrinsic 
information memory, which is one of the main power-consuming components outside 
SISO. 

 

6.3.1. Principle Introduction 

 

Supply voltage scaling is one of the most efficient ways to reduce the power 
consumption of a device. This is caused by the quadratic relationship between power and 
supply voltage. However, bit errors start to appear in the memory, when the supply 
voltage is below a certain threshold. For most digital IP, those errors are unacceptable, 
but in turbo decoders, the voltage can be reduced more than in general IP blocks. Those 
errors are similar to errors caused by channel noise and can be corrected. Note however 
that channel noise errors have different characteristics, compared to memory errors. In 
order to reach the same BER level, extra iterations are needed to compensate the effect of 
the memory errors. On one side, scaling down the supply voltage can reduce power 
consumption. On the other side, extra iterations consume more power.  

 

Jan M. Rabaey presented the relation between supply voltage and the amount of failed 
cells [17], as shown in figure 6.7. The memory used in the measurement is produced by 
the university of California at Berkeley. It can be seen that when the supply voltage goes 
down, the amount of failed cells increases very slowly at the beginning. Therefore, we 
only need to pay a few iterations to eliminate those memory errors. Furthermore, because 
of the quadratic relationship between energy and supply voltage, a large amount of power 
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can be saved by scaling supply voltage. The simulation results are presented in the next 
section. 

 

 

Figure 6.7 The relation between supply voltage and the amount of failed cells 

 

6.3.2. Simulation Results 

 

At first, the error model used in my simulations is explained.  I assume all external 
parameters, such as temperature, stay the same. When scaling down the supply voltage, a 
certain number of errors occur in predetermined positions. The number and positions of 
failed cells are only determined by the supply voltage and they will not change along 
with time. For each individual memory chip, the positions of failed cells are fixed, but 
unknown. Moreover, for two memory chips that are the same type, the positions of failed 
cells can be different. As I do not have the information of failed cells at design time, I 
cannot eliminate errors by avoiding using those failed cells. Here, failed cell means that 
the cell value is fixed at value ‘1’ or ‘0’. In my simulations, I fixed the value to ‘0’ for all 
failed cells. 
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Due to the lack of accurate data about the relation between supply voltage and the 
amount of failed cells, I just set the ratio of failed cells to 0.5% in my simulation. Note 
that different products of memory have different characteristics, so making a general 
assumption is reasonable. 
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Figure 6.8 BER comparison between good memory and memory with 0.5% failed 
cells and the MSB of extrinsic information is affected 

 

The figure 6.8 shows that the performance loss is unacceptable, if the MSB of the 
extrinsic information is also affected by memory errors. This results in another 
assumption in my simulations that the MSB (most significant bit) is always correct. I will 
present two methods of implementation later. 

 

The simulation result is shown in figure 6.9. We can see that using 10 iterations and 
0.5% failed memory achieves similar BER to using 8 iterations and good memory. When 
early stopping criterion is applied, the average number of extra iterations can be reduced 
to a small value. As shown in figure 6.10, only 0.1 to 0.4 more iteration is needed when 
SNR is between 0.6 dB and 1.2 dB. The early stopping criterion will be introduced in 
section 6.4. 
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Figure 6.9 BER comparison between good memory and memory with 0.5% failed cells         
intact MSB and fixed memory address for each extrinsic values 
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Figure 6.10 Iteration comparison between good memory and memory with 0.5% failed cells 

when employing hybrid early stopping technique                                                                                                            
intact MSB and fixed memory address for each extrinsic values 
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In the above simulation, every extrinsic value is stored in the same address for all 
iterations. For example, extrinsic [201] is stored in the memory cells from [1200] to 
[1205]. If cell [1203] is failed, extrinsic [201] is always affected. In order to distribute 
errors, the method is to change the memory address for different iterations, which is 
implemented by simply adding a fixed value to the previous address in the last iteration. 
The simulation results based on this method are shown in figure 6.11. The improvement 
of BER performance is not large. However, since the implementation cost is very low, it 
is still worth to employ it. 
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Figure 6.11 BER comparison between good memory and memory with 0.5% failed cells         

intact MSB and rolling  memory address for each extrinsic values 

 

In the error model, the MSB of each extrinsic value is assumed to be correct. In the 
implementation, this can be made possible by storing the MSB in a separate memory 
which uses normal supply voltage or using one redundant bit to store MSB. 

 

Because the one bit width memory is very inefficient, the overhead power consumption 
of the MSB memory will counteract the saved power caused by supply voltage scaling. 
Therefore, the first option is very suitable for the parallel window architecture which 
employs eight SISO units or more in parallel. In the case of eight SISO units, we can 
write eight MSBs into one individual memory, which makes the bit width of the MSB 
memory become eight. 
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The second option is a sub-optimal implementation. The first reason is that when two bits 
are used to store one MSB, it is possible that both of them fail. Certainly, this situation 
happens very seldom. We can neglect its effect. The other reason is when one bit fails 
and two MSB bits indicate different values (when one bit fails, it is likely that two MSB 
bits are identical, since failed bit may indicate the correct value), we are not able to 
retrieve the correct MSB. In this case, we reset this extrinsic value to zero. Due to the 
time limitation, no simulation has been done on this method. There is no conclusion 
about the performance of this sub-optimal implementation. 

 

6.4. Scaling Extrinsic information and Rounding off LSB 

 

In this section, I propose a method to reduce the power consumption of extrinsic 
information memory. The reason why this memory consumes a large amount of power is 
its size, which must be large enough to store a full block of extrinsic values. Obviously, 
reducing the size of extrinsic information memory can be a very good low power 
technique, if we can achieve the same BER performance in the mean time. Moreover, the 
chip area is also reduced.  

 

My solution is divided into three steps: 

 

� Scaling down the extrinsic values with a fractional number, X1 

� Rounding off LSB of extrinsic values before writing them into memory 

� After reading out extrinsic values, multiplying them with a corresponding factor, X2 

 

The first step is very similar to section 5.1, but they have some different places: 

 

� Different aims: the scaling in section 5.1 is for compensating the difference between 
Max-log-MAP and Max�-log-MAP algorithms; the scaling here is for reducing the 
representation range and bit width of extrinsic values. 

� Different scaling factors: the scaling factor in section 5.1 is determined by the 
correction function f c (x) of the Max�-log-MAP and my choice is 0.75; the scaling 

factor X1 should be around 0.5. 

 

Certainly, it is better to combine those two scaling factors together and do one scaling 
operation instead of two, so X1 is multiplied with 0.75 and becomes X3. Many different 
values for X3 and X2 have been simulated. The values 0.375 and 2 gave best performance. 
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The simulation results are shown in figure 6.12. We can observe that using 5 bits 
extrinsic values achieves almost the same performance as that of using 6 bits. In this way, 
one bit is saved for extrinsic information memory. Note that multiplication with 0.375 
and 2 is just a simple shifting and addition, and rounding operation is also performed in 
the previous scaling method.  Therefore, the extra implementation cost is very low. 

 

Block size 2048; Window size 64; 12 iterations

8 bits state metrics; 5 bits channel inputs

-8

-7

-6

-5

-4

-3

-2

-1

0

0 0.2 0.4 0.6 0.8 1 1.2

Eb/No[dB]

B
E

R
[l

o
g

]

S=0.75*1 & 6 bits extrinsic

S=0.375*2 & 5 bits extrinsic

S=0.75*1 & 5 bits extrinsic

 

Figure 6.12 BER versus Eb/No for two different scaling methods 
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7. High Throughput Techniques 

 

This chapter introduces two high throughput techniques. In section 7.1, the most popular 
one, parallel window, is explained briefly and my simulation results are presented. 
Section 7.2 describes another way to increase the parallelism of turbo decoders. It is 
called shuffled decoding. I tried out a new decoder combining the shuffled method with 
sliding window NII. A short comparison between parallel window and shuffled decoding 
is made at the end. 

 

7.1. Parallel Windows 

 

The straightforward method to achieve high throughput is to use multiple turbo decoders 
in parallel. Each decoder processes a different message block. Obviously, the cost 
increases linearly with the number of decoders used.  

 

In section 5.4, sliding window has been explained. It divides the message block into 
several windows and each window is executed serially. Based on the similar principle, 
when those windows are processed by several SISO units simultaneously, it becomes the 
parallel window technique [20]. Schedules of sliding window and parallel window are 
shown in figure 7.1. It demonstrates the parallel window initialized by training 
calculation. Certainly, next iteration initialization can also be used here to substitute 
training calculation. In order to process several windows in parallel, some modifications 
of the decoder are needed: 

 

� Adding SISO units 

� Initializing α values at the beginning of windows 

� Parallel-interleaver address generator 

� banked memory which can support multiple data input/output 

 

The architecture of parallel window is shown in figure 7.2. 
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Figure 7.1 Schedules of sliding window and parallel window [16] 
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Figure 7.2 The architecture of parallel window [16] 

 

The advantage of parallel window compared to multiple decoder is that the additional IO 
buffers and multiple interleavers are not required. As the turbo decoder requires huge IO 
buffers, considerable amount of area is saved for the same throughput achieved by 
multiple decoder architecture. The area comparison [21] between multiple decoder 
architecture and parallel SISO architecture is shown in Figure 7.3. It is observed that the 
area investment in parallel SISO architectures would return higher throughput rates than 
compared to separate decoders. The BER performance is not much affected if windows 
are decoded in parallel. The simulation results of the performance are shown in Figures 
7.4. 
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Figure 7.3 Comparison of parallel window and multiple decoder architectures [21] 
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Figure 7.4 BER comparisons between parallel window and serial decoder 
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7.2. Shuffled Turbo Decoder 

 

The convolutional turbo decoder executes SISO one and SISO two alternatively. The 
extrinsic information isn’t used until the current SISO process is completed, which 
causes the long decoding latency. In this chapter, another way to increase the parallelism 
of the decoder is introduced. 

  

A novel type of turbo decoder, called shuffled turbo decoder, is proposed by J. Zhang at 
[22]. In shuffled turbo decoding, the two component decoders deliver extrinsic messages 
synchronously. The main idea is to run two SISO units simultaneously. Each SISO uses 
the most recent  extrinsic messages produced by the other SISO unit. 

 

 

Figure 7.5 procedures of convolutional decoder and shuffled decoder 

 

The author tried out a turbo decoder combining the shuffled method with sliding window 
next iteration initialization technique, as shown in figure 7.7. The serial NII decoding is 
also shown in figure 7.6 for comparison. The shuffled NII decoder can help to reduce the 
memory requirement, which is the intrinsic advantage of sliding window technique. 
Furthermore, the sliding window technique can accelerate the speed of exchanging 
extrinsic information between SISO 1 and SISO 2. In shuffled full block decoder, there is 
no extrinsic information produced during the forward calculation, so the computation of 
α is always using the old values stored from the last iteration. However in the shuffled 
NII decoder, extrinsic values are produced after finishing α calculation of a window, 
which enables more calculations to take advantages of the updated data. 
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Figure 7.6 Serial NII turbo decoding procedure 

The extrinsic information generated by SISO 1 at t1 is used by SISO 2 at t2 

 

 
Figure 7.7 Shuffled NII turbo decoding procedure 

The extrinsic information generated by SISO 1 at t1 is used by SISO 2 at t2 
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Here, an iteration is defined as the process running SISO 1 once and SISO 2 once. The 
simulation results of the shuffled NII turbo decoder, figure 7.8 and 7.9, show that the 
performance of shuffled NII and that of serial NII are very close. But the shuffled NII 
decoder only cost half time to complete a single iteration, compared with the serial turbo 
decoder, so the latency is decreased by 2.  
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Figure 7.8 BER versus Eb/No for shuffled NII and serial NII 
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Figure 7.9 FER versus Eb/No for shuffled NII and serial NII 
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The throughput of shuffled NII decoders and that of parallel window decoders with 
parallel factor 2 are the same. And the implementation costs of those two decoders are 
also similar. The only difference is that parallel window decoders need to save the initial 
values for α calculation, which causes a little more memory cost: (2u -1) eP⋅  = 56 bits. So 

they can be considered as substitutes of each other. But parallel window decoders are 
more scalable: it is possible to change the parallelism by changing the number of SISO 
units. However shuffled decoders can only increase the parallelism to 2. 
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8. Conclusions and Future Work 

 

The aim of this thesis is to explore new techniques for implementing low power, small 
area and high throughput turbo decoders. The design specification is shown in table 8.1.  

 

Application UMTS 

Block size 2048 

Sliding window initialization Next iteration initialization 

Sliding window size 64 

 

Quantization 

Channel input : 5 bits 

Extrinsic information : 5 bits 

State metrics : 8 bits 

Stopping criterion Hybrid early stopping 

Highest clock frequency 200 MHz 

Highest throughput 20 Mbps 

Technique 65 nm 

Power 0.417 nJ/bit 

Table 8.1 The design specification of the proposed decoder 

 

Conclusions for the low power and small area techniques: 

 

� Early stopping: two early stopping criteria are evaluated. They can reduce more than 
50% iterations without obvious performance loss. 

� Micro window technique: this technique replaces a large amount of memory access 
with arithmetic calculation. It can reduce the power consumption of the SISO unit by 
up to 42.2% and the area of SISO decoder by up to 42.6%. 

� Rounding off LSB: after special scaling, the least significant bit of the extrinsic 
value can be removed. The BER performance remains the same. 

� Scaling down the supply voltage: through scaling down the supply voltage, a large 
amount of power consumption within extrinsic information can be eliminated. When 
early stopping technique is used at the same time, the decoder can achieve the same 
BER performance through running a few extra iterations. 
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Table 8.2 shows how much power and area those techniques can reduce for the whole 
turbo decoder. Data used to make this conclusion is obtained in two ways: except state 
metric memory, the area and power cost of SISO unit is acquired by synthesizing my 
RTL model with SYNOPSYS tools set and using DIESEL to do the power estimation 
respectively; data of the state metric memory and other parts of the decoder is from the 
AMDC memory estimator. 

 

Techniques Power Reduction Area Reduction 

Early Stopping 50% 04 

Micro Window 18.7% 0-14.5%5 

Rounding off LSB 1.9% 3.1% 

Scaling Voltage 2% - 5%6 0 

Table 8.2 The effect of proposed techniques on power and area reduction 

 

As shown in figure 8.1, if all of the proposed techniques are used, the power 
consumption of the whole decoder is reduced to 38.2%. Since micro window and 
rounding off LSB techniques can also decrease the memory size, the chip area is reduced 
to 3.1-17.6%. 

 

                                                 
4 In general implementation, the HD memory is also employed for generating output. Therefore, the extra area cost 

of early stopping is very small. 

5 If AMDC memory is used for state metric memory, the area reduction is zero. If register file is employed, the area 
reduction is 14.5% 

6 Since I do not have the accurate error model of the memory, this data is roughly estimated based on the following 
assumption: 50% power of extrinsic memory is reduced and 0.2 extra iteration is cost. 
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Figure 8.1 Power reductions by proposed techniques 

Conclusions for the high throughput techniques: 

 

� Early stopping can also be treated as a high throughput technique. 50% iterations are 
eliminated, so the latency is half and the throughput is twice higher than the one with 
fixed iterations. 

� Parallel window: it is very flexible and scalable, because it is easy to change the 
parallelism through changing the number of SISO units. 

� Shuffled decoding: for UMTS, the shuffled decoder can only increase the parallelism 
to 2. It has similar performance and implementation cost to the parallel window 
decoder with parallel factor 2. 

 

Recommendations for future work: 

 

� Optimizing the datapath of λ units to make the SISO unit achieve a higher clock 
frequency, such as 300 MHz. 

� Completing the RTL model of the whole decoder based on the proposed techniques. 

� Measuring memory with different supply voltage, simulating corresponding 
parameters and quantifying the power savings of the memory supply voltage scaling 
technique. 
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På svenska 
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Tillgång till dokumentet innebär tillstånd för var och en att läsa, ladda 
ner, skriva ut enstaka kopior för enskilt bruk och att använda det oförändrat 
för ickekommersiell forskning och för undervisning. Överföring av 
upphovsrätten vid en senare tidpunkt kan inte upphäva detta tillstånd. All 
annan användning av dokumentet kräver upphovsmannens medgivande. För 
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