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Abstract

In this paper, the AEC(acoustic echo canceller) is designed and implemented using VHDL(VHSIC hardware 
description language). The designed Echo Canceller employs the pipeline and the master-slave structure, and is realized 
with FPGA. As an adaptive algorithm, the Normalized LMS algorithm is used. For the coefficient adjustment, the 
Stochastic Iteration Algorithm(SIA) which uses only current residual values is used and the number of registers are 
evidently reduced and convergence speed is also much improved comparing to existing methods by using EAB of 
FPGA for FIR filter structure of transceiver. The designed Echo Canceller is verified with the test board implemented 
for this paper. From the timing simulation echo signals at about 1500 sampling data are converged and ERLE is 
improved by about 42-dB.
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I. Introduction

Even though one problem of FPGA(field programable 
gate array) is low operating speed, many researchers have 
been done to overcome this problem and the capacity of 
gates is getting increased. The Acoustic Echo Canceller is 
used to remove acoustic echoes in mobile communication 
systems or remote video conferencing systems. To increase 
processing speed, the echo canceller is designed inpipelined 
structure using VHSIC(very high speed integrated circuit) 
hardware description language and is prototyped using 
FPGA for reusability. For main algorithms in the echo 
canceller, SIA and NLMS(Normalized Least Mean Square) 
are adapted by considerations of system performance and 
hardware complexities[l]. In order for processing a 
coefficient of echo canceller and recieved data need many 
filter taps. EAB(embedded array block) is used for 
transversal typed FIR filter, which results in much
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decreasing the number of flip-flops. Moreover, when we 
used EAB, system performance is improved to fast access 
time without delay of routing. In this paper, full duplex 
communication is not considered, sampling rate is 8KHz 
and filter has 256 taps. The system operation is verified 
with ModelSim simulator and synthesized with FPGA 
Express. For FPGA device, Altera FLEX10K50RC240 is 
used.

II. Algorithms for Echo Cane回ler

The adaptive filtering method finds optimum values by 
adjusting coefficients of filters to minimize cost functions 
without information about environments. By selecting cost 
functions, various adaptive filtering algorithms can be used. 
The most common algorithm is the LMS(least mean square) 
that minimizes average power of tolerance[l]. The 
convergence characteristic of the LMS is well known and 
stability is easily acquired with less computation. The 
convergence speed of the LMS algorithm is severely
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affected by convergence constant a. Namely, the size of a 
decides the convergence and ERLE value. And the a is 
directly related with stability of system. In case that i叩ut 
voice signals have the power with large dynamic range, 
fixing the value of a can degrade system performance. As a 
method to overcome this problem, the Normalized LMS 
algorithm is used, it's represented by the following 
equations[l,2].

ck + \=ck+2aNEr(k)ak

a
aN =—

Pk

e(k) = arck

(1)

(2)

(3)

Where 芯k) is a estimated echo signals. r(k) indicates 
difference between output signals of the AEC and acoustic 
echo signals. p(k) is the power of the kth input signal 
represented by the following;

Pkn = (1 + 0)pk + & ⑷

Where p is a positive constant which is less than 1 and is 

called forgetting factor. The convergence constant aN is 
changed to the proper value in every sampling. The second 
item of equation (1) is found, in reality, many applications. 
In general, we 낞se stochastic iteration algorithm, that is we 
omit the process of finding the average value.

=ck+2aNr(k)ak (5)

This is suita비e for many adaptive algorithms, when we 
consider the convergence speed, ERLE (echo return loss 
enhancement), and hardware complexity. As an algorithm 
for coefficient control in AEC, the SIA that uses only 
current residual values for coefficient update is used. Figure 
1 shows the structure of SIA.

III. Circuit Design of AEC

The proposed AEC consists of counter circuit, control 
circuit and adder, multiplier, Accumulator, ALU with A/D 
converter interface, Data RAM, and coefficient RAM. As 
shown in Figure 2, the overall system is designed in 
pipeline structure for speed-up[3].

Master clock frequency will be 4.096MHz, two times of 
8 kHz x 256 faps = 4.096 MHz. Necessary clock signals 

are divided with divider and control sign^s are produced by 
decoding clock output with combinational logic circuit.

ALU consists of adder, multiplier, ACC, and A/D convert 
interface circuit. The adder uses CSA(carry save adder) and 
CLA(carry look-ahead) to reduce delay of carry. The multiplier 
uses modified Booth's algorithm for a part operation caused by
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Figure 2. Structure of AEC system. Figure 3. Parall이 Port Timing.
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Table 1. Primitive Reference Count

SUMMARY Shift register EAB

A_21MUX 9 9

CARRY 50 50

DFFE 14444 177

INV 2 2

LUT 754 754

니JT_CARRY 50 50

Syn_ram_256x10_irou 0 1

Syn_ram_256x18_irou 0 1

multiplication so that multiplication speed is improved. 
Considering overflow and underflow in ACC, over/under 
flow detector circuit is added [4,5]. For ADC, AD7813 with 
8/10bit sampling is used. To use 8 bit MSBs and 2 bit 
LSBs inputs, A/D convert interface circuit is designed. 
Figure 3 shows timing chart for AD7813.

Data RAM and Coefficient RAM 아iould implement a 
number of filter taps. In this paper, EAB of FPGA is used 
for the implementation of transversal structured FIR filter 
for receiving data and AEC's coefficients. Therefore, by 
using EAB, the number of flip-flops is reduced by 14,267 
comparing to when shift register is used. Figure 4 shows 
the block diagram of designed AEC.

FLEX 1 OK device contains EAB(embedded array block) to 
build memory and each EAB is the size of 2048 bits. In 
case of using EAB, system performance is improved by fast 
access time. FLEX10K50RC240 has 10 EABs so that 
memory of 20480 bits can be implemented. In this paper, 
EAB of 7168 bits is used for 256><10bit as Data RAM and 
256x18bit as Coefficient RAM. A block diagram of FLEX 
10K device is shown in Figure 5[6].

In this paper, each block is designed and logically 
synthesized using VHDL. Circuit synthesis is implemented 
with FPGA Express of Synopsys and prototyped with FLEX 
10K50RC240 of Altera. The overall circuit is synthesized in 
structural style. Table 1 shows the result of primitive 
reference count synthesized with shift register method and 
EAB method, and Figure 6 shows the overall circuit 
synthesized with EAB method.

Figure 4. Block diagram of designed echo canceller.

IV. Sim니ation Resets and Design Verification

In order to evahiate the algorithm used in this paper and 
verify operating features of the adaptive filter, C-modeling 
simulation is programed. For the virtual voice signals, random

jf j： I

II!'s-7.... ...............

• liillll IE 31 llltl

liiiiiiiii”

WIIIHIiniliiitHlHf
siifitiiia! i ■

ituti

牒ll'
,"a

a

二Figure 6. Synthesized total circuit.

In itializa tion

Echo 矽 ea Ho

Coe ffc ien f update

Figure 5. Block diagram of FLEX10K Device.
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Figure 7. C-modeling Flow chart.
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Table 2. Device Utilization

DEVICE SUMMARY Shift register EAB

Input Pins 23 23

Output Pins 44 44

Memory Bits 0 7168

Memory Utilized (%) 0% 35%

LCs 15122 900

creation function provided by C language library is used. 
And a virtual impulse response which has zero average 
value is created for Impulse response of echo path. Flow 
chart of the C-modeling is shown in Figure 7

(SJuri-rtu . etf - s：

Figure 9. Timing sim니ation results for residual signal

Figure 10. The ERLE curve

Table3. Comparison of simulation res나Its with reference

ref[3] ref[8] ref[9] This Paper

Target 

Technology

XilinxXC

4000

TM320C 

54X

ASDP-21 

01

Altera 

FlexIOK

Filter Taps 8 256 256 256

ADC 

Resolution
8bit 14bit 14bit 10bit

Sample

Number
300 1,000 1,000 1,200

ERLE 40dB 40dB 83dB

Synthesized circuit is prototyped on FLEX10K50RC240 
and simulated for timing. Simulation is done using 
Modelsim and block simulation and timing simulation of 
AEC are also done. The simulation was performed under 
the environment in which echo signals and receiving signals 
are created thro나gh virhial echo paths so that it is almost 
same with real environment.

Table 2 describes device utilization implemented in shift 
register method and EAB method.

In Figure 8, residu시 signal from timing simulation is 
shown and the wave of the residual signal is shown.

In Figure 9, the signal begins to converge from 1500 
sampling point.

The performance evaluation of AEC is generally done by 
ERLE method which is also used in this paper. Equation 

(6) describes the ERLE. In this equation e is echo signal 

and e is estimated echo signal.

ERLE = 101og,0[ ------------r] ⑹
乙成

The ERLE curve of the designed AEC is shown in Figure 
10. The ERLE curve is computed by estimated echo signals 
and echo signals from timing simulation for one second. 
According to the result, good characteristics of 83dB are 
shown after 1,500 sampling computations. It is assumed that 
there is no noise for simulation. Inputs for receiving signals 
are randomly created as possible but some period is shown 
on the signal. We think that we will have similar results 
under the environment with noise and random signals. 
Table3 shows the comparison of simulation results with 
reference.

Impleme가ation of Acoustic Echo Canceller with FPGA 82



RX 
쇼ata

TX 
data

V. Verification with Test Board

For the test of designed FPGA, a test board is b낞ilt and 
real FPGA operations are performed on the board. The test 
on the board is done by composing closed loops for residual 
signals as input signals. From the test, it is verified that echo 
signals are removed. Figure 11 shows the real FPGA test board. 
And figure 12 shows result test of the AEC.

(a) Block diagram of test board

(b) FPGA test board 
Figure 11. Test board of AEG.
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VI. Conclusions

In this paper, AEC is designed in pipeline structure using 
VHDL and implemented in FPGA. For FPGA, FLEX 
10K50RC240 of Altera is 난sed and the filter with 256 taps 
is designed using EAB and 8KHz sampled input signals. 
Overall system performance is improved due to the pipeline 
structure and EAB of FPGA and the number of flip-flops is 
evidently reduced by 14267 comparing to the number when 
shift register is used. From the timing simulation, echo 
signals at about 1500 sampling data are converged and 
ERLE is improved by about 42dB. Because of generality of 
VHDL and modularity of design in AEC design, we expect 
that the result of this paper will be easily applicable to 
other application areas and also design time and cost will 
be reduced.
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