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Abstract 

In the development of wireless communication system, 

towards error free coding, turbo coding were effectively been 

used. Turbo coding has an advantage of error detection based 

on the parity bit coding which improves the error performance 

in communication system. In the practical realization of such 

system, turbo chips were developed embedding onto a 

communication unit, performing the operation of encoding 

and decoding. In the decode operation, however, signals are 

estimated based on the magnitudal values and no 

consideration is made on the communicating signal energy. In 

the propagation, the signals are affected by different noise 

effects which minimize the energy content of the signal. This 

degradation leads to miss-interpretation of the original data. 

To overcome this issue a spectral turbo coding, developed for 

embedding chip is proposed. The spectral turbo code has a 

significant advantage of signal coding using successive 

filtration in signal estimation. To realize the approach, the 

suggested approach is developed in HDL and synthesized 

over Xilinx targeted FPGA.   

Keywords: Recursive coding, turbo coding, spectral coding, 

filter design. 

 

INTRODUCTION 

In today’s modern and competitive world many application 

specific designs at various abstraction levels have been 

proposed in order to provide cost effective and efficient 

solutions. Special portable applications such as cellular 

phones, laptops and modems. The main criteria in these 

applications are maximizing the battery life by minimizing the 

power consumption [1, 2].In digital integrated circuits, there is 

an enormous technological need of low power design [1]. The 

importance of power limiting and estimating the power 

consumption at different levels is described in [3-6]. The 

power estimation will help in improving the efficiency at 

various levels of design. There will be great impact on saving 

power at the lower level abstractions like circuit level 

andtransistor level. Without illustrating brief about register 

transfer logic architecture, someresearchers proposed a DSP 

design methodology in behavioral level starting from entry 

level algorithmic level. The methodology of design proposed 

by earlier researchers is for the analysis of its performance of 

communication applications. But, the advanced third 

generation applications will effect and puts more pressure on 

these technologies. Hence, the main objective is to evaluate 

these complex algorithms will reduced power consumption. 

The example of a Forward Error Scheme (FEC) is the turbo 

coding [7, 8] and it is having a nature of iterative coding, thus 

can be termed as recursive coding. The main fact behind the 

name of turbo code is the obtained feedback during turbo 

engine recharging through a control loop. The output of 

feedback was analogized to exhaust the feedback. For low 

SNRs, turbo codes will achieves better performance [9, 10]. 

Since, the loop output is given back to the input as a feedback 

in an iterative manner; these codes are termed as recursive 

codes.in earlier, much research effort is put towards the short 

delayed recursive codes. If there is interleavers bit length 

exceeding 200 [11], the turbo codes outperforms the block 

codes and the convolutional codes. An interleaver with 32x32 

bit size is integrated while working with concatenated 

conventional codes through a convolutional inner code and 

Reed-Solomon outer code to achieve at least as good 

performance as possible [12]. Power saving is an important 

issue in the remote areas for towers where the turbo codes are 

utilized [13]. Both the systems are similar with respect to 

recursive codes. But the main difference lies in the range of 

input size allowable, algorithm used for interleaving and the 

rate of RSC constituent encoders [14]. Mainly, three types of 

algorithms are there that can be used in the decoder of 

recursive codes such as MAP, Log-MAP, and Max-Log-

MAP. For the systems those process the digital domain data in 

as an analog signals and the design approaches at where 

wallet filters are designed for the processing of analog data, 

the Max-Log-Map algorithm was used in turbo decoder [15]. 

In recursive coding, the filtration is observed while processing 

the data. MAC (Multiply and Accumulate) logic was used for 

the filters realization. For the evaluation of output coefficient 

[16], the addition, shifting and multiplications are performed 

in a recursive manner.  Since, the earlier proposed approaches 

utilize more time and more power; this paper aims to design 

an efficient recursive coder which takes much less time and 

also less power. In this paper, with the help of recursive 

codes, a new scalable filter was designed. The rest of the 

paper is organized as follows: section II gives the complete 

details about the system design which was mainly operates 

based on the recursive coding. Section III illustrates the 

complete details about the proposed filter design, performs a 

recursive coding at MAC. The performance evaluation of 

proposed design is illustrated in section IV and finally section 

V concludes the paper.  
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CONVENTIONAL RECURSIVE CODING 

In the available communication units, encoder and decoder 

units are fabricated over a chip and embedded over the 

communication circuit to perform the transmission and 

reception operation. The codec unit is basically designed to 

provide a encoding and decoding operation using a specified 

approach of coding. Among various approaches of signal 

coding for communication modeling, forward error correcting 

(FEC) coding following turbo coding were used. Turbo 

coding has an advantage of higher coding accuracy under 

channel diversity due to two level interleave coding and two 

level decoder unit, to achieve estimation. Wherein turbo 

coders are operated for signal estimation, the system results in 

a value of ‘1’ or ‘0’, using the log-likelihood ratio (LLR). The 

LLR is computed over the received signal, where two 

decoders are interlinked with each other in a recursive manner 

to perform detection operation.  On the initiation of a 

decoding operation, the received bits are de-multiplexed and 

isolated into two data bits,   

(1) Parity bits obtained from encoder-1  

(2) Parity bit values from encoder-2 

The data arranged in an interleaved manner only need s to give 

for decoder 2. Thus, the information must be interleaved which 

was encoded. The data supply unit models the input data 

required for decoder 1 and decoder 2. The active components of 

decoder 1 are γ, α, β, extrinsic unit, LLR, intermediary storage 

units and their corresponding feedback units such as extrinsic 

interleaver and the respective storage units. The design of 

storage units resembles as FIFO/LIFO followed by analysis of 

pattern of data access. The design of decoder 2 is same as of 

decoder 1 except the various inputs are given at various 

computation blocks. Another difference is a decision unit that 

estimates the retrieved message. The decoder 2 output is 

feedback to decoder 1 through the loop in next iteration. This 

recursive decoder algorithm requires a particular selector 

module to progress from 2nd to 6th iteration. When the decoder 

receives the encoded data at its input in first iteration, it first 

multiplexes and then divides into parity1 and parity2 

systematic data parts and they are stored in interleaved 

systematic data storage units.  From 2nd to 6th iteration, both 

decoder 1 and decoder 2 work iteratively. Thus, in the first 

iteration only, the multiplexer (selector) module buffers an 

input signal from data supply unit and provides a signal for 

starting of decoder 1 unit.For further iterations, the 

multiplexer module just enables the decoder 1 unit because; it 

receives the signal from decoder 2’s extrinsic interleaver unit. 

The managing of the iterative procedure is controlled by the 

top level controller. The proposed recursive decoder which 

has two decoders has a recursive nature. All the simulation s 

needs to be done for complete 6 iterations.  Thus, a top level 

finite state machine (FSM) is required. A FSM is a iterative 

machine which has two states such as initial state and the a 

transition state. In the transition state, the signal moves form 

preset state to next state (i.e., from one iteration to its next 

iteration). The main design of FSM is explicitly for the 

iterative decoder system to control the iterative sequences. The 

computation of data of the decoder and the iteration control 

will be separated at the level of data flow, then the behavior of 

the FSM is very close the corresponding behavior of the 

proposed algorithm.  

 

Figure 1: State diagram representation of FSM used in the 

recursive decoder design 

 

The above figure represents the FSM state diagram used to 

control the iteration number in the iterative decoder design. 

The Frame_start is the input bit from FSM controller unit to 

computation unit. Valid_bit is the input bit signal from the last 

module of the decoder2 to controller unit. Select_bit is the 

output bit signal from the FSM controller to the first module 

of decoder 1. In the state diagram, the state S0 depicts the first 

state. The next block data will be processed only after the 

completion of six iteration of first block.  Initially, the decoder 

checks for start signal, if it is zero, it won’t commence to 

work. The decoder only starts for the start signal’s value of 

one and also it has to receive a control signal. A valid bit is 

getting received by FSM controller unit through the decoder 

2’s last module. The next starts at decoder 1 only if it receives 

a control signal form the FSM recursive controller. In this 

process, the FSM controller controls the number of iterations 

as well as the realization of turbo coding by FSM unit.    

The complete process illustrated above is getting realized by 

the design of a filter which was filtering coefficients in a 

recursive manner.  

 

SPECTRAL TURBO CODING 

The signal estimation in turbo coding is performed over the 

received signal y(t) , where, the received symbol isdefined by, 

y(t) = [e1(t) e2(t) P], 

where e1(t) and e2(t) are the encoded bits and P is the parity 

bit allocated at the encoding. The turbo coding compute the 

log likelihood ratio (LLR) defined by 

𝐿𝐿𝑅[𝑘 − 1] = 𝑙𝑛
∑ 𝛼𝑆

′ [𝑘−1]𝑢𝑘=1 𝛽𝑆
′ [𝑘]𝛾𝑆,𝑠

′ [𝑘]

∑ 𝛼𝑆
′ [𝑘−1]𝑢𝑘=0 𝛽𝑆

′ [𝑘]𝛾𝑆,𝑠
′ [𝑘]

     (1) 

Where numerator is summation over all the states S’ to S 

in𝛾[𝑘]and input message bit U[k]=1. The denominator is 

summation over all the states S’ to S  in𝛾[𝑘] and input message 

bit   U [k] = 0.  The  𝛾 values, 𝛼  unit output and the  𝛽 values 

obtained from the above steps are used to compute the 

LLRvalues. 

To design a spectral coding for spectral coding, the proposed 

approach designs a pre-filter bank. A block diagram of 

proposed approach is shown in figure.2.  
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Figure 2. Block diagram of proposed turbo coding 

 

A bank of filters is developed for an analog signal processing 

is developed.To optimize the memory overhead a new 

processing unit to such filter design is proposed. This 

approach uses wavelet decomposition tree to obtain the low 

frequency samples and the decomposer module of proposed 

architecture is shown below: 

 

Figure 2. Proposed Architecture for Implementation of 

decomposer module 

 

First, the sampled signals each of having 16 bit length are 

given as input to the sub band mapping module.After the 

passage of 12th sample as input for FIFO, four sampled signals 

are given as an input buffer as a packet. The FIFO input stores 

the first 12 signal samples of each one represented in floating 

notation with 16 bit.  For every first 12 samples, the FIFO 

stores and the next four samples are passed through FIFO to 

the input buffer and then decomposed with wavelet filters and 

then given as input for sub band filter bank. The sub band 

filter bank decomposes the input four samples using a filter 

bank having High pass and Low pass filters. Each LPF and 

HPF considers four filter coefficients which were obtained 

from the wavelet called ‘db4’, derived from Matlab and 

having of length four. The outputs of wavelet filters are 

approximations and details, are obtained by convolving the 

input samples with filter coefficients followed by down 

sampling by two, as represented in Fig.2. According to Fig.2, 

each subband processes four samples with the help of three 

points. For total 12 samples, a total of nine points are obtained 

for the passage of samples in every sub band unit and this unit 

decomposes the signal through wavelet filters into four sub 

bands and every sub band with nine points. Then the energy 

of obtained samples is evaluated and is stored in simple RAM.  

A scale factor is measured form the obtained samples through 

a comparator. The comparator compares all the samples 

obtained and finds a maximum value among them. 

 

Figure 3: Block diagram for Implemented reconstruction 

module 

 

MAC (Multiply and Accumulate) logic was used for the filters 

realization. For the evaluation of output coefficient, the 

addition, shifting and multiplications are performed in a 

recursive manner. This entire process can also be termed as 

turbo coding. 

 

SIMULATION RESULTS 

The developed approach is simulated over active HDL 

simulator, and synthesized over Xilinx tool to derive the 

realization. The HDL was defined in VHDL for the suggested 

architecture of recursive filtration process.  The 

implementation is evaluated for power analysis using Xilinx 

power analyzer tool, and the evaluation is carried out over the 

targeted Xilinx FPGA device. The developed methodology is 

tested for various real time audio samples, the observed 

results are as illustrated below. 

 

 

Figure 4. A real time test voice utterance (“Discrete Fourier 

Transform”) 

 

 

Figure 5. Cropped slice of the test voice sample  
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Figure 6: Timing result for the developed spectral filtration 

approach 

 

Fig.6 illustrates the timing simulation results for design 

implemented of spectral filter. The developed approach reads 

the voice test sample in discrete format from the input 

interface. The test sample as shown in figure 4,5 are applied to 

the design for the signal sample obtained from the test voice 

sample. The simulation results shows the suggested filter bank 

used to pass data to the input buffer, as indicated by the 'tdata' 

signal shown. Signal 'fdata' illustrate input data bits passed by 

each filter. The filter coefficients of the given input get 

convolved in the filter bank operation. Control signal 'c_0', 

'c_1', 'c_2', 'c_3', 'c_4' control filter bank operation which are 

generated from the controller unit. Signal 'din' is fed as input 

data to the processing unit. The data is passed to input 

interface defined by Mantissa signals as bits followed by 11 

bits of 4-bit exponent bits and a 1-bit sign bit. Signal 'clk' fed 

to the system clock synchronization module for the operation 

shown. Synchronous clock signal for the operation of each 

filter bank is passed.  

 

Figure 7. Simulation result illustrating the spectral band 

decomposition  

 

The simulation results shown above indicate global reset ‘rst’ 

passed. Active low reset signal system with the system 

operating in the lower value being considered. At the first 

clock pulse at the start of the system, the system is set to the 

Reset parameter of the system. Reset all indicates the system 

under the current condition to be cleared. Control signal 

"start" is passed to enable the system to make the system 

active when the system is to be operated.  

Control signal 'read' for input-buffer is used to read data 

stored. Read input buffer is read at the rising edge of each 

cycle and further processing of the signal is carried out to 

filter down signal using suggested filter bank unit. Signal 

'sfac1', 'sfac2', 'sfac3', 'sfac4' are the scale factors obtained for 

the decomposed spectral bands for the signal. Signal 'ebank1', 

'ebank2', 'ebank3', 'ebank4' refer to the each the energy 

content of the samples obtained after decomposition. The 

result for each of this signal is shown in figure 7. 

 

Figure 8: Timing result illustrating scale data and  

processing data 

Processing design implemented is tested for the test 

coefficients as illustrated in figure 8. The ‘tdata’ is  illustrated 

as signal input showing the value of the input buffer. For the 

proposed design four different energy banks derived by four 

unique temporal signals used to transfer the data signal 

decomposed. The ‘fdata’ signal illustrates the processing 

modules for data transfer to filter the received signal. The 

‘Sdata’ signal is used to show, energy for each spectral band . 

 

 

Figure 9: The detail spectral bands and the scaled data after 

filtration 

 

The detail spectral band for each spectrum is illustrated in 

figure 9. These spectral filter information is processed for 

energy detection and scaling operation to pick the coefficients 

relevant for decoding operation. The observed signals are 

processed via recursive decoder units to estimate the 

coefficients bits back. The decoded information bits for 

retrieval is as shown in figure 10,11. For each decoded bits the 

LLR is computed using recursive filtration operation. The 

details energy elements are processed using trellis decoding.  
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Figure 10. Decoded output from Decoder-1 unit 

 

 

Figure 11. Decoded output from Decoder-2 unit 

 

the obtained coefficients are interpolated to the decimal value 

representation, the analog plot for the received signal is shown 

in figure 12. In comparison to the obtained value as illustrated 

in figure 12, and original values as shown in figure 5, the 

obtained test signal is observed to be similar in comparison to 

input data.  

 

 

 

Figure 12. Retrieved signal after decoding  

 

To analyze the developed approach for real time 

implementation, the developed unit is synthesized on Xilinx 

tool, targeting to FPGA device. The obtained implementation 

results are as illustrated below.  

 

Figure 13. Synthesis summery report for the developed 

approach 

 

 

 

Figure 14. Device utilization summery report for the 

developed approach 

 

 

Figure 15: RTL realization of the overall system  

 

 

Figure 16: RTL visualization of the sub-module units for 

developed approach 
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SUMMARIZED TIMING REPORT  

Maximum Frequency: 129.984MHz 

Minimum input arrival time before clock: 2.950ns 

Maximum output required time after clock: 3.615ns 

Final Synthesis Results 

RTL Top Level Output File Name     : top.ngr 

Top Level Output File Name         : top 

Output Format                      : NGC 

Optimization Goal                  : Speed 

Keep Hierarchy                     : NO 

Design Statistics 

# IOs                              : 34 

Cell Usage : 

# BELS                             : 542 

#      GND                         : 1 

#      INV                         : 5 

#      LUT1                        : 124 

#      LUT2                        : 66 

#      LUT3                        : 15 

#      LUT4                        : 38 

#      MUXCY                       : 147 

#      MUXF5                       : 18 

#      MUXF6                       : 2 

#      MUXF7                       : 1 

#      VCC                         : 1 

#      XORCY                     : 124 

# FlipFlops/Latches           : 127 

#      FD                          : 15 

#      FDE                         : 80 

#      FDR                         : 32 

# Clock Buffers                    : 1 

#      BUFGP                       : 1 

# IO Buffers                       : 33 

#      IBUF                        : 17 

#      OBUF                        : 16 

==================================== 

Device utilization summary: 

--------------------------- 

Selected Device : 2vp100ff1696-6  

 Number of Slices:                  141  out of  44096      

 Number of Slice Flip Flops:  127  out of  88192     

 Number of 4 input LUTs:     248  out of  88192     

 Number of IOs:                      34 

 Number of bonded IOBs:       34  out of   1164     

 Number of GCLKs:                 1  out of     16     

 

CONCLUSION 

The process of turbo coding is improvised via realization of a 

spectral turbo coding. The simulation results show the 

functional verification of the designed unit. The turbo encoder 

is developed with 1/3 rate. The encoded data is antipodal 

modulated before channel transmission. The channel effect is 

introduced by the effect of AWGN parameter to the 

transmitted data. The decoder is designed for recursive 

estimation of the received information with de-interleaver 

logic. Each decoder is designed for calculation of branch 

metric computation, forward metric computation, backward 

metric computation, llr, and estimation unit. Two cascaded 

decoders are realized for the estimation of the received data. 

The implemented design is synthesized on xilinx tool 

targeting different FPGA devices. The synthesis summery 

report reveals the logical utilization of the resources for 

implementation. The RTL schematic is generated for the 

implemented codec for real-time implementation observation. 

The unit is placed and routed onto the targeted FPGA. A 

power analysis is carried out using Xilinx xpower analyzer for 

the evaluation of power consumption for the targeted device 

and optimal selection. 
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