
JOURNAL OF INFORMATION SCIENCE AND ENGINEERING 24, 981-991 (2008) 

981  

Short Paper_________________________________________________ 

 
A Register Array Based Low Power FFT Processor 

for Speech Recognition* 

 
GIN-DER WU AND YING LEI 

Department of Electrical Engineering 
National Chi Nan University 

Puli, 545 Taiwan 

 
Fast Fourier Transform (FFT) plays an important role in the field of digital signal 

processing. High performance FFT processors are widely used in different application, 
such as speech processing, image processing, and communication system. In this paper, 
we proposed a novel register array based low power FFT processor for Mel Frequency 
Cepstral Coefficient (MFCC). Compared with [9-12], this novel architecture can reduce 
more power consumption. This approach is very attractive for the speech feature extrac-
tion of MFCC.    
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1. INTRODUCTION 
 

The feature extraction is an important issue in the field of speech recognition. There 
are two common speech features for speech recognition. One is Linear Predictive Coeffi-
cient Cepstrum (LPCC). The other is Mel Frequency Cepstral Coefficient (MFCC). Since 
MFCC can express human acoustic character more efficiently than LPCC [1], this paper 
will focus on MFCC. FFT is a very important component in calculating MFCC. As far as 
FFT is concerned, there are two popular hardware architectures to implement it. One is 
pipeline-based design [2], and the other is memory-based design [3]. For pipeline archi-
tecture, there are two basic hardware architectures. One is multiple-path delay commuta-
tor pipeline architecture (MDC), and the other is single-path delay feedback pipeline ar-
chitecture (SDF). Radix-2 MDC (R2MDC) [4] was the most classic architecture for pipe-
line-based FFT design. It can provide high performance. However, the hardware archi-
tecture is quite complex, and the memory size is very large. Therefore, Radix-2 SDF 
(R2SDF) [5] is proposed to overcome those disadvantages. Pipeline architecture provides 
high performance and simple control unit. However, the bit-reversed output order needs 
extra buffer to reorder the output data. This architecture still needs too much hardware 
resource. For memory-based architecture, this architecture usually uses one butterfly unit 
(BF) to compute FFT. Unlike SDF and MDC architecture, it usually has one or two 
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Fig. 1. The flowchart of calculating MFCC. 

memories to store the results computed by butterfly unit. In addition, it just needs one 
ROM to store the coefficients. Therefore, it needs lower cost than SDF and MDC. How-
ever, its fault is loss in throughput rate.  

Some researchers investigated several issues of low power FFT processor. In Baas 
et al. [6], the processor operated at low supply voltage Vdd, which approaches the value of 
the transistor thresholds Vt, to dramatically increase the overall energy efficiency. It 
adopted cached-memory architecture in order to offer faster speed and lower power con-
sumption. In [7], some researchers reduced power consumption by minimizing the num-
ber of complex multiplications. In [8], the authors designed a low power processor by 
using asynchronous elements. In [9], power saving was achieved by using the most ap-
propriate FFT size instead of a fixed large size FFT for worst case channel conditions. In 
[10], clock gating technique was implemented to disable the memory modules which are 
not in use for the current FFT size in order to save power. [11] proposed a 64-point de-
lay-balanced SRSDF FFT pipeline architecture. The SRSDF FFT pipeline can achieve a 
higher clock rate because of the well balance of the multiplication and the butterfly opera-
tion. [12] proposed a dynamic scaling FFT processor which supports 8k mode DVB-T sys-
tem. With data scheduling and pre-fetched buffering, single-port memory can be adopted 
with- out degrading throughput rate. [13] proposed a 16-bit low energy asynchronous 
128-point FFT/IFFT processor which is fabricated by 0.35μm CMOS design rule. It oper-
ates energy-critical medium-to-low speed applications at low supply voltages (1.1V~1.4V). 

In this paper, we use a butterfly unit to design our FFT processor architecture. 
Unlike memory-based architecture, we adopt pipeline architecture to improve our hard-
ware performance. Furthermore, we propose a novel asynchronous register array instead 
of memory to reduce power consumption. The advantage of the asynchronous circuit is 
the smaller area. For example, the area of the Flip-Flop is three times large than Latch. 
Furthermore, asynchronous circuit does not need clock signal, so it can reduce the power 
consumption of clock tree. The simulation result shows that we can save power consump-
tion up to 84%. The proposed hardware architecture suits for low radix FFT processor. 

2. FFT/IFFT HARDWARE ARCHITECTURE 

The flowchart of calculating MFCC is shown in Fig. 1. FFT is a very important 
component to calculate MFCC. The sampling rate is 8 KHz, and the frame size is 30ms. 
In this paper, we implement a 256-point FFT processor which could finish executing in 
30ms and has low power consumption. The FFT/IFFT hardware architecture which we 
proposed is radix-2 Decimation-In-Frequency (DIF) algorithm.  
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We depict even-number frequency samples as the following equations. 
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According to the above equations, we use the same manner to obtain the odd-num-  
ber samples as the following equations. 
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Fig. 2. The butterfly graph of the radix-2 DIF FFT. 

 

The decomposition can be mapped to a butterfly (BF) graph which is shown in Fig. 2. 
In this figure, we describe the x(n) and x(n + N/2) as the following. 

 
x(n) = ar + j × ai,                                                   (8) 
x(n + N/2) = br + j × bi,                                              (9) 
x(n) − x(n + N/2) = in1 + j × in2,                                      (10) 
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We design the BF hardware architecture in node Y by deriving the following equa-
tion. 

 
(in1 + j × in2) × (cosθ + j × sinθ)                                      (11) 
= in1 × cosθ + j(in1 × sinθ) + j(in2 × cosθ ) − (in2 × sinθ)                  (12) 
= (in1 × cosθ − in2 × sinθ) + j(in1 × sinθ + in2 × cosθ)                    (13) 

 
Fig. 3. The radix-2 butterfly unit (BF) architecture. 

 
According to the above equations, the BF hardware architecture is shown in Fig. 3. 

It uses four multipliers, four adders, and three subtractors. Based on this BF, we use mul-
tiple-path architecture to implement the FFT processor in Fig. 4. This structure has three 
pipelines. The first pipeline is the select module (SE). This module can select input sig-
nal and determine what mode to execute (ifft or fft). The second pipeline is butterfly unit 
(BF) which bases on radix-2 algorithm. The third pipeline is register array module (RA). 
This module is to store the result and read the input data. In this paper, we adopt register 
array to store the data instead of on-chip SRAM. In this module, we adopt asynchronous 
design methodology to reduce power consumption. 

For an example of 32-point FFT, there are 5 stages. In each stage, the butterfly unit 
(BF) is executed 16 times. After execution, each BF produces four outputs. Hence, we 
need four register banks to save the outputs. Since each stage executes BF 16 times, each 
bank has 16 register. The structure of the register array is shown in Fig. 5. There are two 
levels in this register array. The first level (Bank 0 ~ Bank 3) needs 64 registers. In addi-
tion, the second level (Bank 4 ~ Bank 7) would be saved when the front stage finished all 
execution. When the address generator in Fig. 4 sends the address to the register array, 
the second level of the register array in Fig. 5 would transmit correct data back to the BF.  
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Fig. 4. The radix-2 pipeline FFT processor architecture. 

 
Fig. 5. The example of 32-point FFT register array architecture.  
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This register array adopts asynchronous design scheme to reduce the clock switching 
activity. The bus “regWr [15:0]” in Fig. 5 is designed by using shifter register. The initial 
value of this bus is 16’h0001. After 16 clock cycles, it will become 16’h8000. In addition, 
it becomes 16’h0000 in the stall step. In each bank, only one register would be stored and 
the other register would be closed. After the butterfly unit (BF) executes 16 times, the 
signal “next_stage_en” in Fig. 5 will be positive edge trigger and renew the data. The 
transformation of data address is regular in the address generator module (addr_gen). The 
“addr_gen” module involves two inputs (num_stage and num_buf) and two output (sw1 
and sw2). 

For an example of 32-point FFT, the address transform function is shown in Table 1. 
In this table, there are 5 stages (corresponding num_stage = 0 ~ 4) in the 32-point radix-2 
FFT processor. Since each stage has to execute butterfly unit (BF) 16 times, we need 4 
bits signal (num_buf) to count. After finishing calculation in stage, we will obtain 32 real  

Table 1. The pattern of “addr_gen” module in a 32-point FFT processor. 
num_stage = 1 num_stage = 2 num_stage = 3 num_ stage = 4 

num_buf  
sw1       sw2 

num_buf  
sw1       sw2 

num_buf  
sw1       sw2 

num_buf  
sw1       sw2 

0000     
00000    01000 

0000      
00000    00100 

0000     
00000    00010 

0000     
00000    00001 

0001      
00001    01001 

0001     
00001    00101 

0001      
00001    00011 

0001      
10000    10001 

0010      
00010    01010 

0010     
00010    00110 

0010      
10000    10010 

0010      
00010    00011 

0011     
00011    01011 

0011     
00011    00111 

0011      
10001    10011 

0011      
10010    10011 

0100      
00100    01100 

0100     
10000    10100 

0100      
00100    00110 

0100      
00100    00101 

0101     
00101    01101 

0101      
10001    10101 

0101      
00101    00111 

0101      
10100    10101 

0110     
00110    01110 

0110      
10010    10110 

0110      
10100    10110 

0110     
00110    00111 

0111      
00111    01111 

0111     
10011    10111 

0111      
10101    10111 

0111      
10110    10111 

1000      
10000    11000 

1000      
01000    01100 

1000      
01000    01010 

1000      
01000    01001 

1001      
10001    11001 

1001      
01001    01101 

1001      
01001    01011 

1001      
11000    11001 

1010      
10010    11010 

1010      
01010    01110 

1010      
11000    11010 

1010      
01010    01011 

1011      
10011    11011 

1011      
01011    01111 

1011      
11001    11011 

1011      
11010    11011 

1100     
10100    11100 

1100      
11000    11100 

1100      
01100    01110 

1100      
01100    01101 

1101      
10101    11101 

1101      
11001    11101 

1101      
01101    01111 

1101      
11100    11101 

1110     
10110    11110 

1110      
11010    11110 

1110      
11100    11110 

1110      
01110    01111 

1111      
10111    11111 

1111      
11011    11111 

1111      
11101    11111 

1111      
11110    11111 
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part results and 32 imaginary part results. Hence, we need 5 bits signal (sw1 & sw2) to 
select the register bank address. In the first stage (num_stage = 0), we store the result in 
the first level of the register array. When the first stage finishes calculating, the second 
level of the register array will be stored. In the second stage (num_stage = 1), we use 
signals “sw1” and “sw2” to select the result from the second level of the register array. 
We will transmit the input data to the butterfly unit (BF) to execute the second stage. The 
signals “sw1” and “sw2” are related to the signals “num_stage” and “num_buf”. We can 
infer the following inference: 

We define two variables α and β. 
 
α = the length of num_buf                                           (14) 
β = num_stage                                                     (15) 
sw1[α − β] = “Low(0)”                                              (16) 
sw2[α − β] = “High(1)”                                             (17) 
sw1[α:α − β + 1] = sw2[α:α − β + 1] = rotating num_buf [α− 1:α − β]        (18) 
sw1[α − β − 1: 0] = sw2[α − β − 1: 0] = num_buf [α − β − 1: 0]             (19) 
 
For example, we refer to the Eqs. (16) and (17). In the second stage (num_stage = 1), 

sw1[3] is always “low” and sw2[3] is always “high”. In the third stage (num_stage = 2), 
sw1[2] is always “low” and sw2[2] is always “high”. In the fourth stage (num_stage = 3), 
sw1[1] is always “low” and sw2[1] is always “high”. In the fifth stage (num_stage = 4), 
sw1[0] is always “low” and sw2[0] is always “high”. The other bits can refer to Eqs. (18) 
and (19). For example, based on (18) when num_stage = 3 and num_buf = 4’b0111, we 
can find sw1[4:2] = sw2[4:2] = rotating {num_buf [3:1]} = rotating {3’b011} = 3’b101. 
Based on Eq. (19), we can find sw1[0] = sw2[0] = num_buf[0]. When all stages finish, 
the address generator will send output address. Besides, the second level will output the 
result one by one. Because FFT processor has three pipelines, the transfer would result in 
data conflict. In order to solve this hazard, we use a simple skill “stall” in Fig. 6. When 
each stage finishes, we only need two stalls. It can make the next stage to produce the 
correct data.  

 

 
Fig. 6. The FFT processor use “stall” for solving data hazard. 
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Baas et al. [6] proposed Spiffee FFT processor which is fabricated by full-custom 
design kit with 0.7μm CMOS design rule. It operates at very low supply voltages (1.1V). 
We use the cell-based design kit. Our chip is synthesized with TSMC 0.18μm standard 
cell. Although we operate at higher standard supply voltage 1.8V, we can reduce more 
computation cycles (clock period) in the same point FFT. This is because that the Spiffee 
processor uses nine pipelines. In order to avoid the read-after-write (RAW) data hazard, 
Spiffee processor needs more stalls than our FFT processor. Compared with Spiffee 
processor [6], our method is very suitable for speech recognition in real time processing.  

3. IMPLEMENTATION AND COMPARISON RESULTS 

By previous discussion, we designed a 256-point FFT processor. It is described in 
synthesizable Verilog HDL. The total gate count of this FFT processor is about 136850 
synthesized and estimated with TSMC 0.18μm standard library (coefficient ROM was 
not included). The layout view is shown in Fig. 7.  

 
Fig. 7. The layout view of the FFT processor. 

The FFT processor is available in 208-pin CQFP package. There are 167 available 
pins including, 8 core power pads, 24 I/O power pads, 69 input pads and 66 output pads. 
The maximum clock frequency of this FFT processor is about 100MHz. The format of 
input data is 16-bit fixed point. For the MFCC algorithm, the frame size is about 30 ms 
(240 samples) with a sampling frequency of 8000 Hz. For a 256-point FFT processor, the 
total execution time needs 1040 clock cycles. Hence, the latency is about 10.40μs (1040 
× 10ns). The main source of power consumption in a typical CMOS logic gate is due to 
the switching power, Psw.  

2(1/ 2)   sw load ddP k C V f=                                              (20) 
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where Vdd is the supply voltage, f is the clock frequency, Cload is the load capacitance of 
the gate, and k is the switching activity factor which is defined as the average number of 
times that the gate makes an active transition in a single clock cycle. In this paper, we 
adopt an asynchronous register array, and this issue can lower the parameter k. In addi-
tion, we also lower the load of the third pipeline because only four registers are loaded. 
The comparison of several recent researches is shown in Table 2. Compared with [9-12], 
this novel architecture can reduce more power consumption. 

Finally, we use Table 3 to compare synchronous memory architecture with asyn-
chronous memory architecture in our proposed FFT processor. Based on this table, we can 
see that the asynchronous circuit has smaller area. Besides, the asynchronous memory 
based radix-2 architecture can reduce the switching activities for the low power design. 

Table 2. The comparison of several recent researches. 

 Hasan[9] Zhao[10] Yeh[11] Lin[12] Proposed Low 
Power FFT 

Technology UMC 
0.18μm 

UMC 
0.18μm 

Avant! 
0.35μm 

 
0.18μm 

TSMC 
0.18μm 

Radix Radix-4 Radix-2 SRSDF Radix-8 Radix-2 
Power 

consumption 
(mW/MHz) 

5.496 1.305 5.079 1.26 0.88 

FFT point 256 256 64 8192 256 

Chip-size 
( 2mm ) ? 2.86 3.46 4.84(core) 4.73 

Voltage 3.3v/1.8v 3.3v/1.8v 3.3v 3.3v/1.8v 3.3v/1.8v 
Memory size ? ? ? 22K bytes 512 bytes 

Table 3. To compare synchronous memory architecture with asynchronous memory 
architecture in our proposed FFT processor. 

 Synchronous memory based Asynchronous memory based 
Technology TSMC 0.18μm TSMC 0.18μm 
Clock rate 100MHz 100MHz 

Supply voltage 3.3v/1.8v 3.3v/1.8.v 
Latency 18.2μs 10.4μs 

Chip area 4.91 mm2 4.73 mm2 
Power dissipation 129.6mW 89.18mW 

4. CONCLUSIONS  

This paper proposed a novel FFT processor which is based on the register array. The 
FFT processor adopts register array to store intermediate data information instead of 
on-chip SRAM. This register array adopts asynchronous issue to improve clock switch-
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ing activity. Compared with [9-12], this novel architecture can reduce more power con-
sumption. This approach is very attractive for the speech feature extraction of MFCC. 
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