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ABSTRACT 
Presented in this paper is a systematic methodology to  de- 
sign low-power integrated transceivers for broadband data  
communications over unshielded twisted-pair (UTP) chan- 
nels. The  design methodology is based upon two algorith- 
mic low-power techniques referred to  as Hilbert transfor- 
mat ion  and strength reductzon and a high-speed pipelining 
technique referred to  as relaxed look-ahead transformation. 
Finite-precision requirements and power savings are pre- 
sented. The application of these techniques to  design low- 
power and high-speed 155.52 Mb/s ATM-LAN and 51.84 
M b/s VD SL transceivers is illustrated. 

1. INTRODUCTION 
Numerous high-bit rate digital communication technolo- 
gies are currently being proposed that employ unshielded 
twisted-pair (UTP) wiring. These include asymmetric dig- 
ital subscriber loop (ADSL), high-speed digital subscriber 
loop HDSL), very high-speed digital subscriber loop VDSL), 

band access [ 3 ] .  The  above mentioned transmission tech- 
nologies are especially challenging from both algorithmic 
and VLSI viewpoints. This is due to  the fact that  high 
data  rates 51.84 Mb/s to  155.52 Mb/s) need to  be achieved 

nels which necessitates the use of highly complex digital 
communications algorithms. Low-cost solutions require an 
integrated approach whereby algorithmic concerns such as 
signal-to-noise ratio ( S N R )  and bit-error rate ( B E R )  along 
with VLSI constraints such as power dissipation, area, and 
speed, are addressed in a joint manner. 

In this paper, we present a systematic design methodol- 
ogy which incorporates algorithmic and VLSI architectural 
issues in the design of low-power transceivers for broadband 
data  communications over UTP channels. The application 
of these techniques to  the design of 155.52 Mb/s ATM-LAN 
and 51.84 Mb/s VDSL is demonstrated. 

2. THE CHANNEL 

asyncironous \ transfer mode (ATM) LAN [a] and b road- 

over severe r y bandlimited (less than 30 MHz) UTP chan- 

In this section, we will describe the UTP-based channel for 
ATM-LAN and VDSL. 
2.1. The Channel Response 
In the LAN environment, the two major causes of per- 
formance degradation for transceivers operating over UTP 
wiring are propagation loss and crosstalk generated between 
adjacent wire pairs. The  worst-case propagation loss is 
given in the TIA/EIA-568 draft standard for category 3 
cable [l] as 

L p ( f )  = 2.320&+ 0.238f, (1) 

where the propagation loss L p ( f )  is expressed in dB per 
100 meters and the frequency f is expressed in MHz. 

Similarly, the worst-case NEXT loss model for a sin le 
interferer is also given in the TIA/EIA draft standard fl]. 
This loss can be expressed as: 

L N ( ~ )  = 43 - 1510gf, (2) 

where the frequency f is in megahertz. 
In case of VDSL, the performance degradation is due to  

propagation loss and far-end crosstalk (FEXT). The  prop- 
agation loss characteristics of a BKMA cable, which is typ- 
ically employed in this environment, are similar to  that  of a 
category 5 cable specified in the TIA/EIA-568A Standard 
[I], as follows: 

L p ( f )  = 3 .597f i+  0.043.f + O.O914/fi, (3) 

where the propagation loss L p ( f )  is expressed in dB and 
the frequency 7 & expressed in Mgz. 

The  eaual-level FEXT ( E L  - FEXT'I loss in a FEXT 
dominated environment can be written as: 

E L  - F E X T  == - K = (49/N)05, (4) 
q f 2 d  

where P is the coupling constant which equals 10-l' for 
1% equal level 49 interferers, d is the distance in kilofeet, 
f is the frequency in kilohertz and N is the number of 
interferers. 

2.2. The Carrierless Amplitude/Phase (CAP) Mod- 
ulation Scheme 
In the following, we describe a bandwidth-efficient two- 
dimensional passband transmission scheme referred to  as 
carrierless amplitude/phase modulation (CAP). Note that 
64-CAP modulation scheme is the standard for ATM-LAN 
over UTP-3 at  155.52 Mb/s and 16-CAP is the standard 
for 51.84 VDSL [3]. 

The block diagrams of a digital CAP transmitter and re- 
ceiver are shown & Fig. 1. In tuhe transmitter (see Fig. l(a)), 
the bit stream to  be transmitted is first passed through a 
scrambler in order to  randomize the data.  The  scrambled 
bits are then fed into a CAP encoder, which maps blocks 
of m bits into one of k = 2m different complex symbols 
u ( n )  = a,.(n)+ja*(n). ,After the encoder, the symbols a, (n)  
and a , ( n )  are fed to  digital shaping filters. The  outputs of 
the filters are subtracted and the result is passed through a 
digital-to-analog converter (DAC , which is followed by an 

A typical CAP receiver (see Fig. l (b ) )  consists of an 
analog-to-digital converter (ADC) followed by a parallel ar- 
rangement of two adaptive digital filters. The  adaptive fil- 
ters in Fig. l are referred to  as a T I M  fractionally spaced 
linear equalizers (FSLEs). In addition to the FSLEs, a CAP 
receiver can have a NEXT canceller and a decision feedback 

interpolating low-pass filter (LP 2 ). 
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Figure 1: Carrierless Amplitude Phase (CAP) transceiver 
(a) transmitter and (b) receiver. 

equalizer DFE The  decision to  incorporate a NEXT can- 
celler andjor a L F E  depends upon the channel impairments 
and the capabilities of an FSLE. For example, a NEXT 
canceller is required for 155.52 Mb/s ATM-LAN to cancel 
NEXT. Similarly, in case of 51.84 Mb/s VDSL, the presence 
of radio frequency interference (RFI) necessitates the use of 
a DFE. 

3. LOW-POWER AND HIGH-SPEED 
EQUALIZER ARCHITECTURES 

For high bit-rate applications, the equalizers in Fig. l (b )  
need to be implemented as high sample-rate adaptive fil- 
ters, which are typically power-hungry. In this section, we 
show how the techniques of Hilbert transformation [4] and 
strength reduction [5] can be employed to  design low-power 
receivers. Also discussed is the technique of relaxed look- 
ahead transformation [7] pipelining the s t rengt h-reduced 
equalizer. 
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Figure 2: Hilbert-based CAP equalizer. 

3.1. Low-Power FSLE Architecture via Hilbert 
Transformation 
It  can be shown that the in-phase and the quadrature-phase 
equalizers of the CAP receiver in Fig. 1 are Hilbert trans- 
forms of each other. In this subsection, we exploit this 
relationship to  obtain a low-power structure. 

If the in-phase and the quadrature-phase equalizer filter 
impulse responses are denoted by f(n) and f(n), respec- 
tively, then 

where the symbol "*" denotes convolution. Let y,(n) and 
y,(n) denote the in-phase and the quadrature-phase com- 
ponents of the receive filter output, respectively, and ~ ( n )  
denote the input. Employing (5), the equalizer outputs can 
be expressed as 

f (n)  = h.r(n) * f(n), (5) 

yt(n) = f(n) * 4 n ) ,  
= f(n) * [hr(n) * .(.)I. y q ( n )  = i ( n )  * (6) 

From (6) ,  we see that yq(n)  can be computed as the output 
of a filter, which has the same coefficients as that  of the in- 
phase filter with the Hilbert transform of ~ ( n )  as the input. 
Hence, the CAP receiver in Fig. l (b )  can be modified into 
the form [4] as shown in Fig. 2, where HF is the Hilbert 
filter. The ideal Hilbert filter is approximated by an M-tap 
windowed version. From a power dissipation perspective, 
the Hilbert filter length should be as small as possible. The  
power dissipation versus performance trade-off has been ex- 
plored in [4] where it was shown that for 51.84 Mb/s ATM- 
LAN, assuming N = 32, we obtain SNR,  values of more 
than 25 dB, when the Hilbert transformer length A4 is more 
than 33. This results in a 21% power savings. 

Figure 3: Strength-reduced equalizer (a) F-block and (b) 
WUD-block. 

3.2. Low-power Complex Adaptive Filter via 
Strength Reduction 
The product of two complex number ( a  + j b )  and ( c + j d )  is 
given by ( a  + j b ) ( c  +pi) = ( a c  - b d )  + j ad + bc). A direct- 

a total of four real multiplications and two real additions 
to  compute the complex product. Application of strength 
reduction involves reformulating the above multiplication 

(a-b)d+b(c+d) = ad+bc, (7) 
where we see that strength reduction reduces the number of 
multipliers by one at  the expense of three additional adders. 
Typically, multiplications are more expensive than addi- 
tions and hence we achieve an overall savings in hardware. 
The strength reduced SR architecture [5] is obtained by ap- 
plying strength reduction transformation at  the algorithmic 
level. 

Consider an N-tap serial complex LMS filter described 
by the following equations 

mapped architectural implementation o I this would require 

as follows 
(a-b)d+a(c-d) = ac-bd, 

e(n) = yd(n) - \vH(n - I ) x ( ~ ) ,  
W(n) = W ( n  - I.) + p e * ( n ) X ( n ) ,  
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where W(n) = [wo(n), wl(n) ,  . . . , W N - ~ ( . ) ] ~  is the weight 
vector with W X ( n )  being the Hermitian (transpose and 
complex conjugate), X(n) = [ ~ ( n ) ,  z ( n  - I ) ,  . . . , x(n - N + 
1 ] is the input vector, e*(n) is the complex conjugate of 
t h" e adaptation error e(.), /I is the step-size, and yd(n) is 
the desired signal. 

via the cross-couded CC architecture, where four real F- 
Traditionally, the complex LMS algorithm is implemented 

blocks and four real WUD-blocks are employed requiring a 
total of 8N multipliers and 8N adders. Applying strength 
reduction to  (8) results in the following equations, which 
describe the F-block computations of the SR architecture 
[51: 

yi(n) = - l)X,(n), yz(n) = dT(n - l)xz(n) 
~ 3 ( n )  = -dT(n - 1)Xl(n), 

y4.1 = y1(n) + y3(n), y t ( n )  = yz(n) + y3(n), (9)  
where Xl(n) = X, n)  - X , ( n ) ,  ci(n) = e(.) + d(n), and 
dl(n) = e(.) - d(n\. Similarly, the W U D  computation is 
described by, 

c1(n) = cl(n - 1) + ,u[eX,(n) + eX3(n)] 
dl(n) = dl(n - 1) + ,u[eXz(n) + e&(n)], (10) 

is is the reason why the SR architecture results in 21 - 
25% power savings [5] over the CC architecture. 

Figure 4: 
Pipelined. 

Strength-reduced equalizer (a) Serial and (b) 

3.3. Pipelined Strength-reduced (PIPSR) Architec- 
ture 
The block diagram of the SR architecture is shown in 
Fig. 4(a). The  dotted line in Fig. 4(a) indicates the critical 
path of the SR architecture. As explained in [5], both the 
SR as well as CC architectures are bounded by a maxi- 
mum possible clock rate due the computations in this crit- 
ical path. This throughput limitation is eliminated via the 

in the PIPSR architecture: 

where Dz is the number of delays introduced before feeding 
the filter coefficients into the F-block. Similarly, the com- 
putation of the WUD block of the PIPSR architecture 
are given by 

LA-1 

c1(n) = c1(n - D Z )  + P  [eXl(n - ~ 1 -  i) 
t=O 

+ eX3(n - D1 - z)] (12) 
LA-1 

dl(n) = dl(n - D z )  + P  [eXz(n - DI - i) 
i = O  

where eXl(n), eXZ(n) and eXs(n) are defined in the pre- 
vious subsection, D1 2 0 are the delays introduced into 
the error feedback loop and 0 < LA 5 DZ indicates the 
number of terms considered in the sum-relaxation. A block 
level implementation of the PIPSR architecture is shown 
in Fig. 4(b) where DI and DZ delays will be employed to  
pipeline the various operators such as adders and multi- 
pliers at a fine-grain level. The  high-throughput of the 
PIPSR architecture can also be traded-off with supply 
voltage reduction resulting in additional power savings [5] 
of 40 - 69%. Therefore, the PIPSR architecture results 
in 60 - 90% power savings as compared to  the serial CC 
architecture. In a similar manner, the relaxed look-ahead 
transformation can be employed to  pipeline the real adap- 
tive filters. 

4. SYSTEMATIC DESIGN METHODOLOGY 
AND EXAMPLES 

In this section, we present our design methodology for the 
high-speed communication system design. We determine 
the encoder and shaping filters in the transmitter and adap- 
tive filter lengths, precisions and pipelining levels in the 
receiver. 

4.1. Design Methodology and Applications 
The design methodology consists of the following steps: 

Determine the specifications for the signal 
constellation and the spectrum based on the channel con- 
straints. 

Step 2: Determine adaptive filters lengths via the 
floating-point simulations. Apply low-power transforma- 
tions given in section 3. Let N be the tap-length and 
S N R J ~  be the output S N R  in d B  of the floating point 
algorithm after this step. 

Step 3: Determine the precision for the adaptive filters 
such that the fixed-point S N R  is close to  the floating-point 
S N R  employing the following equations [6] for an SR ar- 
chitecture, 

Step 1: 

where C T ~  is the input power to  the F-block, u; is the power 
of symbol constellation (or the desired signal) and ,8 << 1 is 
the ratio between the quantization noise a t  the output and 
floating point M S E .  Also, S N R ,  is the desired S N R  at the 
output. Typically, we choose S N R ,  = S N R , f l  because we 
assume that the quantization error at  the output is small. 
Similar expressions can be obtained for the real adaptive 
filters also. 
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Step 4: Calculate critical path delay for the fixed-point 
architectures, and pipeline (if needed) via relaxed look- 
ahead transformation (see section 3.3) by choosing appro- 
priate values of D1, DZ and LA. 

4.2. 155.52Mb/s  ATM-LAN 
In this subsection, we will employ the proposed methodol- 
ogy to  design 155.52 Mb/s ATM-LAN transceiver for UTP- 
3 wiring. Given the data  rate of R = 155.52 Mb/s and the 
FCC imposed limit of 30 MHz on the transmit spectrum, 
we choose a value of m = 6 to  get the symbol rate 1/T to be 
25.92 Mbaud. Choosing 0 - 30 MHz spectrum, we obtain a 
value of a = 0.15. Clearly, the sample rate fs needs to  be 
greater than 60 MHz. We choose the next nearest multiple 
of the symbol rate or 77.76 MHz as the value of fs. As the 
excess bandwidth is less than loo%, a NEXT canceller is 
required to  suppress NEXT as shown in Fig. 5 .  

Figure 5: 155.52 Mb/s CAP transceiver. 

Next, we decide the lengths of the adaptive filters ac- 
cording to  Step 2. It  has been observed in [a] that  the 
NEXT canceller span is weakly dependent upon the equal- 
izer and that it should be about lfis or greater. Given 
the symbol rate of 25.92 Mbaud, we find that the number 
of NEXT canceller taps NneZt ,  2 26. We chose a value of 
N,,,,, = 32 for our simulations. The equalizer length is de- 
termined via the simulations, which show that with symbol 
span equal to 40, S N R ,  = 36.1 dB is obtained. Note that 
this is also the value of SNR,,fl employed in Step 3 to  de- 
termine the precisions. Employing (14) and (15), we choose 
the F-block precision in the NEXT canceller Bp,neztc = 10 
bits and, the WUD-block precision in the NEXT canceller 
B W U D , ~ ~ , ~ ,  = 14 bits. A similar analysis can be applied to  
the equalizer. In doing so, we obtained the F-block preci- 
sion B F , ~ ~  = 12 bits and B w u D , ~ ~  = 18 bits for the equal- 
izer. 

Given the tap lengths, the precisions (derived above) 
and the assumption of a 1 bit adder delay of 1 ns, it can 
be shown that pipelined architectures for the NEXT can- 
celler and the equalizer becomes necessary. Hence, we em- 
ploy the pipelined strength reduced adaptive filter archi- 
tecture for the NEXT canceller with D1 = 16, D2 = 4, 
and LA = 1 and the pipelined FSLE architecture with 
D1 = 84, D2 = 4, and L A  = 1. The simulation results 
for the finite-precision, pipelined 155.52 Mb/s ATM-LAN 
receiver is shown in Fig. 6(a), where we see that the final 
S N R ,  = 35.3 dB provides a noise margin of 5.8 dB, which 
is quite sufficient for practical purposes. 

4.3. 51.84 Mb/s V D S L  
For VDSL, we need a DFE with feedforward equalizer FFE) 
span of 16 symbol periods and a feedback equalizer ( k BE) 

Figure 6: Simulation results fior (a) 155.52 Mb/s ATM-LAN 
and (b) 51.84 Mb/s VDSL. 

with 8 taps. Clearly, other combinations of FFE and FBE 
spans are also possible. The  precisions of the equalizer 
were: B F J ~ ,  = 10 bits and 13wv~ , f f ,  = 16 bits. The  low- 
power strength reduced DFE had precisions: B F , f b e  = 9 
bits and B w u D , ~ ~ ,  = 13 bits.. A Hilbert filter with length 
M = 65 and coefficient precision of 9 bits was chosen. With 
these parameters, simulation results (see Fig. 6(b)) indi- 
cate that the finite-precision VDSL receiver can achieve an 
S N R ,  = 21.8 dB. This is 0.3 dB lower than the S N R ,  of the 
floating point receiver model. Note that with S N R , , , f  = 
21.5 dB (corresponding to  a B E R  = for a 16-CAP 
transceiver), we have a noise margin of 0.3 dB. Clearly, it 
is harder to  achieve the desired data  rates with comfortable 
noise margins in a VDSL environment as compared to  the 
ATM-LAN environment. 
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