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ABSTRACT 

In this paper, a new multi-path adaptive interpolated FIR (AIFIR)-based echo can-
celler is presented to perform the echo cancellation in full-duplex digital transmission 
over digital subscriber loop (DSL). This new approach inherits the concept of conven-
tional AIFIR-based echo canceller, where the long tail portion is modeled by an adaptive 
sparse FIR filter. We then propose a multi-path structure to break the inherent design 
tradeoffs in the conventional AIFIR-based echo canceller; that is, we employ more than 
one AIFIR filters to model the corresponding tail portions of echo path. In addition, an 
efficient implementation of the Image-Suppression Filter  (ISF) is suggested to reduce the 
complexity in performing the function of multi-ISFs. Finally, we apply the proposed 
scheme to the design of echo canceller in a Single-pair High-speed Digital Subscriber 
Loop (SHDSL) transceiver. Computer simulations show that the flexible multi-path 
AIFIR-based echo canceller can reduce up to 20% computational complexities compared 
with previous works. About 60% complexity savings are obtained compared with the di-
rect transversal implementation of echo canceller. The complexity savings result in effi-
cient VLSI implementation of the echo canceller in DSL applications. 
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I. INTRODUCTION 

Two-wire full duplex digital transmission can be re -
alized in many ways. Among them, echo cancellation 
based transmission can achieve near optimal bandwidth 
efficiency, the lowest transmission rate, and hence, the 
longest range; however, high echo cancellation level is 
required to prevent the far-end signal from interfering 
with echo signals. In practice, in addition to 10-20 dB 
attenuation provided by the analog hybrid circuit, an 
extra compensation circuit is required to reduce the ech-
oes to an acceptable level. Usually, this is done by using 
the echo canceller with digital implementations. The 
digital echo canceller uses the data from the transmitter 
to reproduce the echo by modeling  the echo path. The 
replica of the echo is then subtracted from the received 

signal in the receiver section [1]. This is illustrated in 
Fig. 1. In practical Digital Subscriber Loop (DSL) sys-
tems, echo canceller needs to achieve 60-70 dB echo 
cancellation to ensure transmission quality. 

 

Fig. 1 The block diagram of an echo cancellation in DSL 
systems. 

The most straightforward (also the most frequently 
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adopted) implementation of echo cancellation is the 
transversal filter structure. Given a hybrid circuit and a 
loop, the complexity of the echo canceller is determined 
by the factor of m/T. T denotes the symbol period, and m 
is the number of samples per baud, depending on the 
subsequent processing of echo canceller. For example, 
most timing recovery techniques require at least two 
samples per baud (m = 2) to retrieve the timing informa-
tion from the received data signal. As a result, the echo 
canceller needs to be operated at twice the baud rate so 
as to provide echo-free samples to both the timing re-
covery block and equalizer [2]. That is, the complexity 
of the echo canceller increases linearly with the sam-
pling rate. For higher speed applications such as High 
bit-rate Digital Subscriber Loop (HDSL), Symmetric 
Digital Subscriber Loop (SDSL), and Single-pair 
High-speed Digital Subscriber Loop (SHDSL), hundreds 
of taps are required to achieve the aforementioned high 
cancellation performance. 

Many alternatives to the transversal filter structure 
have been proposed to reduce the complexity of the echo 
canceller [3]-[10]. Basically, these algorithms originate 
from the concept of dividing the echo response into two 
sections, the Main Echoes and the Tail Echoes, as dem-
onstrated in Fig. 2. The time-domain signal in the main 
echo section appears to be abrupt while the tail portion is 
relatively much smoother. In addition, the length of tail 
echoes is, often, two times longer than that of main sec-
tion. For some special loops, the ratio can be up to 3 or 4. 
Based on the observation, some cost-effective structures 
are addressed to deal with the tail portion of the echo 
response, which largely determines the complexity of the 
echo canceller [7][9][10]. In this paper, by following 
these observations, we further generalize the design 
concept to provide a cost-efficient echo cancellation 
algorithm and architecture. Basically, this is achieved by 
dividing the impulse response in Fig. 2 into more than 
two sections. As will be demonstrated in this paper, each 
section corresponds to a signal path in its architecture. 
Hence, we call the new echo cancellation scheme as 
Multi-path AIFIR-based Echo Canceller. Computer 
simulations show that the flexible multi-path 
AIFIR-based echo canceller can reduce up to 20% com-
putational complexities compared with previous works. 

 

Fig. 2  A typical impulse response of echo path. 

The rest of the paper is  organized as follows. In 
Section II, a brief review of conventional AIFIR-based 
echo canceller is addressed. In Section III, we discuss 
the inherent design tradeoff of the conventional ap-
proach. Then, we derive the new echo cancellation algo-
rithm and architecture. Moreover, to help determine the 
design parameters of the proposed echo canceller, a heu-
ristic design procedure is provided in Section IV. Sec-
tion V presents the simulation results of the proposed 
algorithms for SHDSL transceiver. Finally, Section VI 
presents our conclusions. 

II. REVIEW OF EXISTING ECHO CANCELLER 
WORKS 

In[3][4][5], the tail section of the echo signal is 
modelled by a fixed pole first-order IIR filter with adap-
tive gain. Unfortunately, the location of the pole can be 
very close to the unit circle in z-domain for certain loops. 
This requires very high precision implementation so as 
to avoid a problem of stability. An analogous adap-
tive-IIR approach using linear combination of or-
thonormal function  suggests an adaptive pole scheme, 
providing a more stable adaptation algorithm [6][7]; 
however, high-precision requirement is still an issue in 
practical fixed-point implementation due to the inherent 
IIR structure. Also, knowledge of the orthonormal func-
tion is of importance to properly determine the key pa-
rameters in the design of echo canceller. The resultant 
complexity is shown to be relatively larger than the FIR 
approaches in the followings [8]. 

In [8][9][10], the adaptive filter incorporated with 
the interpolated FIR filter is proposed, called Adaptive 
Interpolated FIR (AIFIR) echo tail canceller. The struc-
ture of the AIFIR-based echo canceller is illustrated in 
Fig. 3. Two separate signal paths, the Main Echo Can-
celler (MEC) and the Tail Echo Canceller (TEC), are 
devoted to cancelling the main and tail echoes, respec-
tively. In the MEC, low-order transversal FIR structure 
is employed since the separated main echoes usually 
have relatively short durations. The long tail portion is 
then modeled by the M-sparse adaptive FIR filter, where 
M denotes the Interpolation Factor. The term of 
“M-sparse” signifies that (M − 1) null taps are inserted 
between each two adjacent taps. The image introduced 
by the M-sparse FIR filter is then suppressed by the Im-
age-Suppression Filter (ISF). Note that the image sup-
pression filter is performed in advance of sparse adaptive 
filter1. With the help of sparse FIR filter and ISF, the 
effective order of TEC is stretched, hence reducing the 
complexity of tail canceller. Also, the bulk delay is used 
to align the TEC to the boundary between main and tail 
echoes. The boundary is also termed as Cut Point (CP), 
as shown in Fig. 3. It is notable that the bulk delay is 
shown to signify the alignment between these two signal 

                                                 
1 Interchanging the order of ISF and M-sparse FIR filter will 

not affect function of tail echo canceller. But, the coefficients 
updating of M-sparse adaptive filter becomes complicated. 
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paths. In practical implementation, we can share delay 
elements (memories) in the MEC with the bulk delay in 
TEC path. 

In the application of AIFIR-based echo canceller, 
we intend to use larger interpolation factor M to gain 
more complexity saving; however, AIFIR-based echo 
canceller has some inherent design tradeoffs, as will be 
explored in detail in the following section. In actuality, 
these inevitable design tradeoffs limit the efficiency of 
the AIFIR-based echo canceller. 

III PROPOSED MULTI-PATH AIFIR-BASED 
ECHO CANCELLER 

A. Design of Conventional IFIR Approach 

By tracing the impulse response of echo signal (see 
Fig. 2) from the tail to the main section, it can be ob-
served that the curve changes gradually from smooth to 
abrupt. This implies that “frequency bandwidth” of the 
tail echoes grows as we move the cut point toward the 
main portion. Moreover, given a cut point α and a deci-
mation factor M, the AIFIR-based echo canceller can 
synthesize the tail echoes if and only if the signal band-
width of the tail section is less than 1/M. This is a direct 
consequence of interpolated FIR (IFIR) filter theory 
[11]. 

Based on the arguments, increasing the interpolation 
factor M helps to reduce the complexity of TEC, the cut 
point α must be moved toward the tail so as to fit the 
bandwidth of tail echoes into 1/M. This increases the 
order (hence the implementation complexity) of the 
MEC. Moreover, increasing M implies the employment 
of a narrower ISF. This also increases the total comple x-
ity of the AIFIR-based echo canceller. 

B. Multi-path AIFIR-Based Echo Canceller 

Our solution to break the aforementioned design 
tradeoff is to divide the echo response in a finer-grain 
way, instead of roughly into two parts: “main” and “tail”. 
That is, more than two sections are segmented to the 
echo response. As illustrated in Fig. 4, we employ L 
number of tail sections. By doing this, we  can model  

 

Fig. 3 The generalized structure of the AIFIR-based echo 
canceller. 

the most-tail part (with cut point Lα as the boundary) 
by using large interpolation factor, say ML, while model 
the sub-tail part with a relatively smaller interpolation 
factor, and so on. The remaining part that cannot be 
modeled by AIFIR filter is then processed by the main 
echo canceller (MEC) by using conventional transversal 
structure. In this way, instead of making design com-
promises between main and tail echoes, the 
multi-sections structure provides more design freedoms 
in the application of AIFIR-based echo canceller. Hence, 
larger complexity reduction can be expected. 

The multi-section concept directly suggests the 
multi-TECs structure, as illustrated in Fig. 5. Each tail 
section of the echo response corresponds to a tail echo 
canceller. Obviously, each tail echo canceller, iTEC , 
employs different cut point iα  and interpolation factor 

iM , and they satisfy the condition of Lααα <<< L21  
and LMMM <<< L21 . As can be seen in Fig. 5, the 
synthesized echo is obtained by summing several signal 
paths. Hence, we call it Multi-Path AIFIR  (MP-AIFIR)- 
based echo canceller. Actually, we can treat the pro-
posed multi-path solution as the generalized AIFIR- 
based echo canceller. It reduces to the conventional 
AIFIR-based echo canceller when L = 1. 

Because the proposed multi-path AIFIR-based echo 
canceller is a pure FIR structure, many existing adaptive 
algorithms can be employed [12]; however, in practical 
implementation, variants of the Least Mean-Squared  

 

Fig. 4  Illustration of the division of the echo response. 

 

Fig. 5 Generalized structure of the proposed multi-path 
AIFIR-based echo canceller. 
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(LMS) algorithm are widely used due to the relatively 
low memory and computational requirement. Basically, 
the updating of MP-AIFIR is quite similar to the con-
ventional transversal FIR filter. Readers can refer to 
[9][10] for detailed operations. 

C. IFIR Implementation of ISF 

Due to the multi-path nature of the proposed echo 
canceller, L image-suppression filters are required. 
Moreover, given similar stop-band attenuation, the com-
plexity of the ISF is directly proportional to the decima-
tion factor M [11][13]. As can be expected, for large M, 
the ISF may even dominate the complexity of the tail 
echo canceller. To overcome this problem, we propose a 
specialized structure that is very suitable for the 
multi-ISFs in the multi-path echo canceller. As will be 
shown in the following section, that only L low-com-
plexity low pass filters (LPFs) are required to implement 
the multi-ISFs structure. 

To reduce the complexity of the multi-ISFs, the first 
step is to employ the interpolation FIR (IFIR) filter. That 
is, the aforementioned narrow-band ISF (with cutoff 
frequency of 1/M) is again realized by a sparse proto-
type FIR filter and a low-complexity image-suppression 
filter, as depicted in Fig. 6. Actually, this is the so-called 
multi-stage design of IFIR filter, suggested in [14]. 
Moreover, due to transmission symbol (with different 
delay of kλ ) is the common input, we can further reuse 
(share) the arithmetic operations if the same prototype 
filter is employed among these ISFs. By doing so, the 
complexity can be significantly reduced. 

Specifically, define kλ  as the ratio of kM  to 1M , 
i.e., 1/ MM kk ≡λ , where kM  is, often, a power-o f-two 
value, i.e., s

kM 2= , for Lk ≤≤2 , and ∈s integer. 
Here, we take the 1st image-suppression filter, ISF1, as 
the prototype filter, and represents the filter as: 
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where ic  denotes the thi  coefficient, and pN  is the or-
der. Moreover, denote t (n) as the symbol to be transmit-
ted (input to the echo canceller). The output of 1st im-
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Fig. 6 IFIR implementation of image-suppression filter, 
where C(z) represents the prot otype filter. 

where )()( intcnp ii −⋅≡  is the ith partial sum of the 
prototype filter output. In the IFIR approach, the k th im-
age-suppression filter is constructed by cascading kλ - 
sparse prototype filter C(z) and a low-order im-
age-suppression filter, as illustrated in Fig. 6. For con-
venience of representation, we also define )(ˆ nf k  as the 
output of the kλ -sparse prototype filter. Then, we can 
relate )(ˆ nf k  to )(npi  as: 
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As can be seen in Eq.(3), without taking any multi-
plications, the output of kλ -sparse prototype fi lter, 

)(ˆ nf k , can be obtained by simply summing signal 
)(npi  with proper delays. Fig. 7 illustrates the VLSI 

structure that realizes Eq. (3). The signal of )(ˆ nf k  is 
then sent to a low-order lowpass filter, which removes 
the image component, to generate the output of ISFk, 

)(nf k , for subsequent adaptive processing. 

IV. DETERMINATION OF DESIGN 
PARAMETERS 

Although the proposed echo canceller provides a 
more flexible design approach, the determination of the 
parameters is not easy to determine due to large design 
freedoms. In addition, it is very difficult to analyze the 
adaptive interpolated FIR filter. Usually, extensive 
computer simulations need to be performed repeatedly to 
find the design parameters. In this paper, we suggest an 
experimental design procedure. With the help of simple 
analysis of echo signal, we can easily determine the im-
portant parameters without going through trial-and-error 
design iterations. Note that the method can also apply to 
the design of conventional AIFIR-based echo canceller. 

Before proceeding with the analysis, we employ the 
performance measure in the design of echo canceller. 
The performance measure is defined as the ratio between 
the Root-Mean-Square (rms) of input echo to the rms of 
output residual echo. When measure in dB, it is ex-
pressed as : 

 

Fig. 7 Efficient implementation of multi-ISF based on the 
IFIR filter. 
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This measure is also called Echo Return Loss En-
hancement (ERLE). 

Basically, there are four design steps in the applica-
tion of multi-path AIFIR-based echo canceller. They are 
discussed in the following section. Also, assuming that 
an ERLE of 60dB  is required, i.e., =cE 60dB. 

Step 1: Determination of L, and decimation factor kM  
for Lk ≤≤1 . 

Using large L can provide finer modeling of echo 
signal, however, the control circuits as well as the me m-
ory requirement of image-suppression filter increase 
correspondingly. For most DSL transmission systems, 
the proposed echo canceller with L = 2 can provide suf-
ficient ERLE in practical implementation. The selection 
of decimation factor,  kM , then depends on the length 
and characteristic of the echo signal. Usually, the longer 
the echo tail, the larger decimation factor is employed. 
As mentioned above, kM  is often a power-of-two value. 
The first decimation factor,  1M , is often set at 4, and the 
second decimation factor, 2M , can be either 8 or 16, 
depending on the length of echo response. As a rule of 
thumb, the ration of kk MM /1+  set to be a compromise 
value of 2 or 4. 

Step 2: Determination of Image-Suppression Filter, ISFk, 
for Lk ≤≤1 . 

Because the multi-ISFs structure is realized based 
on the IFIR filter approach, the design of prototype filter, 
ISF1, is crucial. Basically, the image-suppression filters 
are designed to have a good stop-band attenuation so as 
to remove image components, and the attenuation needs 
to be higher than the desired ERLE, cE . Otherwise, the 
residual image will severely destroy the synthesized 
echo tails. 

Moreover, instead of using Parks-McClellan opti-
mal FIR filter design [13], the ISF is designed based on 
the window method. This is because that equiripple is 
not of great importance in the design of ISF. Among 
many existing windows, Chebyshev-windowed sinc 
function is found efficient in  providing a satisfactory 
ERLE performance [10]. 

Step 3: Determination of the cut point, kα . 

The cut point is determined by analyzing the im-
pulse response of echo path. Note that the “echo path” 
includes all the digital and analog transmission filtering. 
The analysis begins with Lk = , i.e., the most-tail sec-
tion. First, ],,,[ 2,1,0, Lkkkk hhhH =  is denoted as the 
Residual Echo Response, representing the impulse re-
sponse of tail-removed echo path. Initially, the echo of 

LH  is set to be the normalized impulse response of 
echo path, as illustrated in Fig. 8(a). The “normalized” 
represents the unit power of echo signal (also the rms 
value). Since the normalized echo response is used, the 
minimum requirement of residual echo power is  cE− . 

 

Fig. 8  Determination of parameters in the design of multi-path AIFIR-based echo canceller. 
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Step 3.1: Convolute the residual impulse response, 

kH , with the pre-determined image-suppression filter, 
ISFk  , to obtain the ISF-lowpassed echo response, =kG  

],,,[ 2,1,0, Lkkk ggg . The resultant echo response, kG , is 
illustrated in Fig. 8(a). Actually, the tail portion of echo 
response kG  represents the echoes that can be synthe-
sized by TECk  . The reason is that kG  can pass through 
ISFk , and can therefore be modeled by the kM -sparse 
adaptive FIR filter. 

Step 3.2: Subtract the ISF-lowpassed echo response, 

kG , from the residual echo response, kH , and the result 
is denoted as  ],,,[ 2,1,0, Lkkkk rrrR = .2 This is illustrated 
in Fig. 8(b). Also, to highlight the signal difference, the 
absolute value of kR  represented in log scale is shown in 
Fig. 8(c). The tail portion of kR  is of significance. It 
represents the tail echo response, which cannot be mo d-
eled by TECk , even if TECk converges perfectly. Basi-
cally, the residue in the tail portion comes from the in-
evitable leakage image introduced by the non-ideal ISF 
(finite stop-band attenuation). 

Step 3.3: The cut point kα  is then chosen such that 
the “signal power of kR  outside the cut point kα ” is 
below the design target. Specifically, the design condi-
tion of 

cik
i

Er
k

−≤∑
∞

=

2
,

α
, (5) 

must be satisfied. Fig. 8(d) illustrates the residual echo 
power for various cut points, kα , where the dotted line 
represents the design target of cE− . The intersection of 
these two curves then represents the cut point that satis-
fies Eq. (5); however, the cut point is estimated by as-
suming infinite long of the tail canceller (infinite-order 

kTEC ). Hence, about 3dB ERLE margin is usually in -
corporated, as illustrated by the solid line in Fig. 8(d). 
The intersection then denotes cut point kα . In this ex-
ample, we have =kα 138. 

Step 4: Determination of the order of kTEC , kN . 

Each incremental of the order,  kN , corresponds to 
kM  effective order in the kTEC   due to the IFIR feature. 

Hence, with the cut point kα  and the finite order, kN , 
the effective tail echoes that are modeled by kTEC , can 
then be represented as : 

],,,[)( 0,0,0, Lkkkkk gggNG ′′′=′ ,  

where, 
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Similarly, we can calculate the residual echo re-
sponse ],,,[)( 2,1,0, Lkkkkk rrrNR ′′′=′  by subtracting 

                                                 
2 Due the FIR filtering operation, inevitable delays will be in-

troduced. Hence, we need to align Hk and Gk to obtain the 
correct difference echo signal. 

)( kk NG′  from kH . The )( kk NR′  differs from kR  on the 
fact that the finite order of kTEC  is taken into account. 
Now, the order of kTEC , kN , can be determined to sat-
isfy the condition of: 

( ) cik
i

Er
k

−≤′∑
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Fig. 8(e) shows the power of residual echoes for in-
creasing order of kH . The intersection then represents 
the order, kN , satisfying the design condition of Eq.(7). 
In this example, =kN 17. 

By following the aforementioned four steps, all the 
parameters of kTEC  can be determined. Then, let the 
residual impulse response, )(1 kkk NRH ′=− (see Fig. 8(f)), 
decrease the index k  by 1, and go back to Step 3 for the 
subsequent determination of parameters. The design 
process is terminated until the iteration of 1=k  is com-
pleted. 

V. COMPUTER SIMULATIONS AND 
COMPLEXITY COMPARISONS 

In the simulations, the proposed scheme is applied 
to the design of echo canceller in SHDSL system. The 
SHDSL transceiver is capable of supporting data rates in 
the range of 192 kbps to 2312 kbps using Trellis-Coded 
PAM (TC-PAM) line code. Basically, the effective 
length of echo path increases with the data rate. Hence, 
the echo path is simulated as a 1024-tap transversal filter 
with coefficients equal to two-times highest baud 
rate-sampled echo impulse response of loop BT1 (i.e., 
sampling rate = 1541.33k) [15]. The xDSL loop simula-
tor [16] is used to generated the echo path model. Also, 
the target performance of the echo canceller is set to be 
ERLE = 65dB. 

The proposed multi-path AIFIR-based echo cancel-
ler with L = 2 is employed, where M1 = 4 and M2 = 8. 
The prototype filter is designed by using 23-tap Cheby-
shev-window with 60dB stopband attenuation. The 
low-order image-suppression filter in the IFIR design of 
ISF2  is then designed as a 7-tap Chebyshev-window with 
60dB stopband attenuation. Three sets of parameters are 
simulated to show the performance of the proposed 
scheme, and the results are shown in Table 1. 
Table 1 Summary of simulation results for various ap-

proaches and parameters. 

 Index Order of 
MEC M1

Order of 
TEC1 M2

Order of 
TEC2 

ERLE 
Performance 

1 64 4 18 8 24 65.3dB 

2 64 4 18 8 25 67.2dB 

Multi-path 
AIFIR-based 

Echo 
Canceller 3 64 4 17 8 27 65.4dB 

4 64 4 70 － － 67.8dB Conventional
AIFIR-based 

Echo 
Canceller 5 98 8 30 － － 66.3dB 

Direct  
implemen- 

tation 
6 290 － － － － 67.4dB 
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Table 2 Summary of complexity for various approaches and 
parameters. 

 Index MACs in 
MEC 

MACs in 
TEC1 

MACs in 
TEC2 

MACs in 
ISF 

Total 
MACs 

1 128 36 48 30 242 

2 128 36 50 30 244 

Multi-path 
AIFIR-based 

Echo 
Canceller 3 128 34 54 30 246 

4 128 140 － 23 291 Conventional 
AIFIR-based 

Echo 
Canceller 

5 196 60 － 55 311 

Direct  
implemen- 

tation 
6 580 － － － 580 

 

In considering the complexity, the computation is 
compared to the conventional AIFIR-based echo cancel-
ler as well as an echo canceller implemented by one long 
transversal filter, called direct implementation. Note that 
the complexity is compared under the condition of simi-
lar ERLE performance. The configuration for conven-
tional AIFIR-based echo canceller as well as the direct 
implementation is also shown in Table 1 for purposes of 
comparison. 

In the complexity estimation of echo canceller, the 
bit number of symbols is usually considered. This is be-
cause the bit number of multiplicands is quite different 
for symbols and coefficients [9]; however, the situation 
no longer holds in some advanced transceivers due to the 
Tomlinson-Harashima Precoder (THP) involved [17].  

Table 3 Summary of number of storage elements for various approaches and parameters. 

MEC TEC1 f2(n) TEC2 
 Index 

Data Coef. 
f1(n) 

Data Coef. Sf,2 Sa,2 Si,2 Data Coef. 
Total 

1 64 64 23 72 18 253 72 7 192 24 790 

2 64 64 23 72 18 253 72 7 200 25 798 

Multi-path 
AIFIR-based 

Echo 
Canceller 3 64 64 23 68 17 253 68 7 216 27 807 

4 64 64 23 280 70 － － － － － 501 Conventional 
AIFIR-based 

Echo 
Canceller 5 98 98 55 240 30 － － － － － 521 

Direct  
implemen- 

tation 
6 290 290 － － － － － － － － 580 

 
The low-bit represented symbol is filtered by THP be-
fore performing echo cancellation and spectral shaping. 
In this case, a large-wordlength is required to represent 
the symbols, hence the input to the echo canceller. Con-
sequently, the complexity of echo canceller can be esti-
mated by simply counting the number of arithmetic op-
erations involved. Table 2 shows the corresponding 
complexity requirements for the designs in Table 1. The 
results show that the proposed multi-path AIFIR-based 
echo canceller requires only 80% complexities compared 
with the conventional AIFIR-based echo canceller. It can 
save up to 60% computational complexities compared 
with the direct transversal implementation. 

Moreover, as mentioned in Section III-C, the com-
putational complexity overhead of multi-ISFs can be 
significantly reduced by further applying IFIR technique 
and sharing arithmetic operations among difference sig-
nal paths. Actually, the savings in computational com-
plexity are gained at the expense of storage elements, 
which are three-fold. Firstly, totally  kfS ,  extra storage 
elements are required to manipulate the sparse FIR fil-
tering in thk  signal path (see Fig. 7). Specifically, 

)1()1()1(2)1(, −⋅−++−⋅+−= kPkkkf NS λλλ L . (8) 

Secondly, additional )( 1, αα −= kkaS  storage ele -
ments are employed to align the cut point in  kTEC . Fi-
nally, a number of kiS ,  storage elements are required to 

perform the IFIR-based image-suppression filtering in 
Fig. 6. Based on the arguments above, we also illustrate 
the requirement of the storage elements for all the 
implementations in Table 1, and the comparison results 
are shown in Table 3. The extra storage elements of 

2,fS , 2,aS , and 2,iS , which are required for the calcu-
lation of kISF  output, )(2 nf , are shown in the 6th to 8th 
column. Also, the storage element requirements for other 
operations are shown as well. The results in Table 3 
show that we require about 37% storage elements over-
head compared with the direct implementation. The 
overhead mainly comes from the calculation of ISF out-
put signal. 

VI. CONCLUSIONS 

In this paper, an efficient algorithm for designing 
echo canceller is presented. We provide an generalized 
structure, called multi-path AIFIR-based echo canceller. 
With the proposed scheme, the complexity requirement 
of echo canceller is no longer direct proportional to the 
effective length of echo path, as suggested in the direct 
transversal implementation. The flexible design of the 
multi-path AIFIR-based echo canceller provides a re-
duced complexity while keeping the ERLE performance 
at an acceptance level. The saving in complexity be-
comes apparent as the echo path becomes longer. 
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一種以多路徑適應性內插有限脈衝響應濾波器為基礎的新的 
迴音消除演算法及架構 

吳政勳 

國立中央大學電機工程研究所 

吳安宇 

國立台灣大學電子所暨電機系 

摘 要  

在這篇論文中，我們提出了一種以「多路徑適應性內插有限脈衝響應濾波器（Multi-path Adaptive Interpolated FIR Filter）」
為基礎的迴音消除器（Echo Canceller）。這種新的架構可應用於數位用戶迴路（DSL）上，全雙向數位通訊所需的迴音消除。
基本上，這種新的多路徑架構延續了以內插有限脈衝響應濾波器為基礎的迴音消除器的基本概念，也就是將迴音響應的尾端

部分以一個分散的有限脈衝響應濾波器來模擬。此外，我們提出這種多路徑的架構來打破傳統架構上的先天設計上的限

制——使用超過一個以上的適應性內插有限脈衝響應濾波器來模擬相對應的迴音響應的尾端部分。此外，我們也為這新架構

中的映象抑制濾波器（Image Suppression Filter）提供了一種有效率的實現方法。將這種新的迴音消除器應用於單銅導線高
速數位用戶迴路（SHDSL）時，我們發現相較於傳統以適應性內插有限脈衝響應濾波器設計的迴音消除器，新架構可節省
約 20%的計算複雜度。若和最常使用的直接橫貫式的實現方法（Direct Transversal Implementation）比較，我們可節省高達
60%的計算複雜度。這複雜度的減少為迴音消除器在數位用戶端迴路的應用上，提供了有效率的超大型積體電路實現方式。 

關鍵詞：迴音消除器、適應性濾波器、內插有限脈衝響應濾波器、數位用戶迴路。 
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