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A Low-Power Phase-Splitting Adaptive Equalizer
for High Bit-Rate Communication Systems

911

a complex equalizer operating in either baseband or passband. In
case of passband equalization, a simpler structure called the phasesplitting passband equalizer (PSPE) [10] can be employed, where the
functions of phase splitter and equalizer are combined. The carrierless
AM/PM (CAP) transmission scheme has been chosen by the Technical Committee of the ATM forum as the ATM-LAN physical layer
interface standard at 51.84 Mb/s for category 3 unshielded-twistedpair (UTP) wiring [9]. In CAP transceivers, a PSPE is employed at
the receiving end. This receiver consists of a parallel arrangement of
two adaptive equalizers. In this correspondence, we propose a lowpower architecture for the PSPE employed in a CAP transceiver by
exploiting the Hilbert relationship between the optimum solutions of
the receive filters.
The rest of this correspondence is organized as follows. In the
next section, we describe the generic CAP transceiver scheme. In
Section III, we present the proposed receiver architecture and analyze
its properties. In Section IV, we show, via analysis and simulation
results, that the proposed architecture results in considerable saving
in power in an ATM-LAN environment with marginal degradation
in performance.

Rajamohana Hegde and Naresh R. Shanbhag
II. THE CAP TRANSMISSION SCHEME
Abstract— A low-power architecture for a phase-splitting passband
equalizer (PSPE) is proposed in this correspondence. The Hilbert relationship between the in-phase and quadrature-phase equalizers in the
PSPE is exploited to develop the proposed architecture. It is shown via
analysis and simulations that in a 51.84-Mb/s ATM-LAN environment,
the proposed receiver results in 1) a net saving in power if the length of
the Hilbert filter is less than 130, and 2) a saving of up to 20% can be
achieved with a degradation in signal-to-noise ratio of less than 0.5 dB.
Index Terms—ATM-LAN, CAP, Hilbert transform, low-power.

I. INTRODUCTION
In recent years, the development of low-power devices for applications in fields of communications and DSP has become an active area
of research due to the proliferation of mobile communication systems.
It is for this reason that numerous power reduction techniques have
been proposed starting at the algorithmic-level [1]–[4], architectural
level [5], logic level [6], and the circuit level [1]. These techniques are
currently being applied to develop low-power and high-speed transceivers for applications such as asymmetric digital subscriber loop
(ADSL) [7], high-speed digital subscriber loop [8], and ATM-LAN
[9] to achieve high bit rate digital communication over bandlimited
channels.
The transceivers in most of these applications employ some form
of adaptive equalization at the receiving end to combat corruption
of the transmitted signal due to several sources of distortion such
as intersymbol interference (ISI), crosstalk, and additive noise. In
many of these applications, transmission schemes such as quadrature
amplitude modulation (QAM) are employed, where the receiver
consists of a phase splitter or a Hilbert transformer followed by
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The block diagram of the generic CAP transmitter is shown in
Fig. 1(a). The bit stream to be transmitted is passed through a
scrambler in order to randomize the data and are then fed into
an encoder. The encoder maps a block of m bits into one of
k = 2m unique complex symbols Sn = rn + jqn in a k-CAP
scheme. In the 16-CAP scheme described here, we have m = 4 and
k = 16. The impulse responses of the shaping filters p(kT 0 ) and
p~(kT 0 ) are given by p(kT 0 ) = g(kT 0 ) cos 2fc kT 0 and p~(kT 0 ) =
g(kT 0 ) sin 2fc kT 0 , where g(kT 0 ) = g(t)jt=kT is the baseband
pulse, and fc is a frequency that is greater than the largest frequency
component in g (t). Note that the shaping filter impulse responses
form a Hilbert pair [11], i.e.,

p~(n) = hI (n) 3 p(n); where hI (n) =

2
2 sin (n=2)
0;

n

; n 6= 0
n = 0.

(1)
Due to the Hilbert relationship, the magnitude response of p~(n) is
the same as that of p(n), but the phase response of p~(n) is shifted by

+90 and 090 in the +ve and 0ve frequency regions, respectively.
The CAP receiver, which is shown in Fig. 1(b), consists of an analogto-digital (A/D) converter operating at sampling frequency 1=T 0
followed by two adaptive digital filters in parallel [10], which are
also operating at sampling frequency of 1=T 0 = K=T , where K
is the oversampling factor, and T is the symbol period. In the 16CAP scheme, we have K = 4. These filters form the in-phase and
quadrature-phase equalizers. The filter (F) block in these equalizers
consist of an FIR filter whose coefficients are computed recursively
in the weight up-date (WUD) block using the popular least mean
squares (LMS) algorithm [12]. This algorithm minimizes the mean
squared error (MSE) given by
MSE = heI (nT )2 + eQ (nT )2 i

(2)

where h i denotes expectation. The performance measure for the
receiver in this equalization scheme is the signal-to-noise ratio (SNR)
at the output (SNRo ) of the equalizer given by [13]
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SNRo = 10 2 log10

d2
MSE

(3)
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(a)

(b)
Fig. 1. CAP. (a) Transmitter. (b) Receiver.

Fig. 2. Proposed low-power receiver.

d2

where
is the variance of the desired signal. The outputs of the
equalizers are sampled at the symbol rate (1=T ) and fed to a decision
device followed by a decoder. Additional details regarding the generic
CAP scheme, the 16-CAP transmitter, and CAP receiver can be found
in [9].

Fig. 3.

Plot of percentage of power saved versus

M=N .

and show that the proposed equalizer can lead to a substantial amount
of power savings with marginal degradation in performance.

III. THE PROPOSED RECEIVER STRUCTURE
In this section, we show how the Hilbert relationship between the
in-phase and quadrature-phase equalizers of the CAP receiver can
be exploited to obtain the proposed structure. We then compute the
power consumed by the CAP equalizer and the proposed equalizer

A. CAP Equalizer
As mentioned before, the shaping filter impulse responses in a
CAP transceiver form a Hilbert pair. In [13], it has been shown that
the optimum minimum mean squared error (MMSE) solutions for
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Fig. 4. Simulation setup for the CAP system.

these equalizers also form a Hilbert pair. If the in-phase and the
quadrature receive filter impulse responses are denoted by f n and
f n , respectively, then f n
hI n 3 f n , where the symbol 3
denotes convolution. Let yi n and yq n denote the in-phase and the
quadrature components of the receive filter output, respectively, and
let x n denote the input. The equalizer outputs can be expressed as

~( )

()

()

~( ) = ( ) ( )
()
()

yi (n) = f (n) 3 x(n)
yq (n) = f~(n) 3 x(n) = f (n) 3 [hI (n) 3 x(n)]:

()

(4)

From (4), we see that yq n can be computed as the output of
the in-phase filter with the Hilbert transform of x n as the input.
Hence, the CAP receiver can be modified as shown in Fig. 2. The
proposed structure in Fig. 2 is functionally identical to the original
CAP receiver shown in Fig. 1(b) as long as the Hilbert transformer
is of infinite length. In practice, we employ a finite-length Hilbert
transformer given by

()

hF (n) = hI (n); for 0M  n  M
elsewhere.
0;

(5)

The performance of a receiver with a finite-length Hilbert transformer will be degraded as compared with the original CAP receiver.
In Section III-C, we derive an analytical expression to estimate this
degradation, given the length of the Hilbert transformer.
The proposed receiver structure shown in Fig. 2 has several
attractive features.
1) The WUD block in the quadrature filter is completely eliminated.
2) The quadrature filter can be pipelined with little additional
hardware overhead due to the elimination of feedback.
3) In a blind start-up scheme, as there is only one adaptive
equalizer, the possible erroneous solutions are fewer for the
proposed structure.
However, there is the addition of the Hilbert filter in the feedforward
path of the quadrature arm. Hence, the proposed structure would
result in power savings as long as the complexity of the Hilbert filter
is smaller than that of the WUD block. The tradeoff between power
savings and performance is explored in the next two subsections.

=

2
Ca Vdd
f , where Vdd is the
this adder [1] is then given by Pa
supply voltage, and f is the average switching frequency. Assuming
that the switching capacitances of the multiplier and double precision
adders are Km Ca and Ka Ca , the average power dissipated by a CAP
receiver of length N (PCAP ) is given by
2
PCAP = 2[(2N + 1)Km + NKa + (N + 1)]Ca Vdd
f:

(6)

The proposed structure (see Fig. 2) consists of two F blocks,
one WUD block, and a Hilbert transformer of length M
. The
complexity requirements of the Hilbert filter (M= taps, each with
one multiplier and two single precision adders, for M even) can be
derived from the fact that the impulse response of the Hilbert filter in
(1) and (5) is antisymmetric and is zero for even values of n. Hence,
the average power dissipated by the proposed structure (PHIL ) is
given by

2 +1

2

PHIL =

3N + M2 +1

2
Km + NKa +(2N + M +1) fCa Vdd
:

(7)
We can now obtain the expression for savings in power defined as
PS
PCAP 0 PHIL =PCAP as

)

=(

1 0 2MN + N1 Km + Ka 0 MN0 1
PS =
:
2 2 + 1 Km + 1 + 1 Ka + 1
N

In order to have

(8)

N

P S > 0, we need to choose M and N such that

M
<
N

1 + N1

Km + Ka +

1 + K2m

1

N

:

(9)

Fig. 3 shows the plot of the %savings in power versus the ratio of
24, 32 and 48, Km
16, and Ka
2. Note that
the three curves are nearly identical and that there is a net saving
in power as long as the length of the Hilbert filter is less than 130
for N
32.

M=N for N

=

=

=

=

C. Excess MSE
B. Power Savings
In this subsection, we compute the power savings achieved via
the proposed equalizer by first computing the power dissipation of
the traditional CAP receiver [see Fig. 1(b)] and then comparing it
with that of the proposed structure (see Fig. 2). The traditional CAP
receiver [see Fig. 1(b)] has two adaptive filters of length N . Each
adaptive filter consists of N taps, each containing two multipliers
(one in the F block and one in the WUD block); one single precision
adder (in the F block); and one double precision adder (in the WUD
block). In addition to this, the F block consists of a single precision
adder to compute the error across the slicer, and the WUD block
consists of a multiplier to compute the term X n in the LMS
algorithm [12]. Let the average switching capacitance of a single
precision adder be denoted by Ca . The average power dissipated by

()

We now derive an expression to compute the decrease in SNRo
due to the use of finite-length Hilbert filter. Note that the maximum
value of SNRo achievable via the proposed structure (see Fig. 2) with
an infinite length Hilbert filter is the same as that achieved by the
original CAP structure [see Fig. 1(b)].
The output of the quadrature-phase filter in the proposed reN 01 w
ceiver yq n is given by yq n
k=0 opt k x n 0 k , where
M
xn
h
k
x
n
0
k
.
If the Hilbert filter were of
F
k=0M
infinite length, the output of the quadrature filter would be yq0 n
N 01 w
1 hI k x n 0 k .
0
0
k=0 opt k x n 0 k , where x n
k=01
Let b n
qn0
denote the quadrature component of the
desired sequence, where
is the overall delay from the transmitter
0 n denote the quadrature error
to the receiver. Let eQ n and eQ
sequence when the Hilbert filter is of finite length and infinite length,

( )=
()(
)
( )~ ( )
~( )=
( ) = ( 1)
1
()
()

~( ) =

()

( )~(

)

()(

( )=
)
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Fig. 5.

M + 1).

Plot of SNRo versus Hilbert filter length (2

Fig. 6. Plot of SNRo versus power savings (ps).

respectively. We then obtain the excess error eEX (n) due to the use
of a finite length Hilbert filter as

eEX (n) = eQ (n) 0 e0Q (n)
N 01
1
T Xerr
wopt (k)
herr (k)x(n 0 k) = opt
=
k=0
k=01
0 (n) = b(n) 0 yq0 (n), eQ (n) = b(n) 0 yq (n)
where eQ
 0M and n  M
herr (n) = 0h;I (n); nelsewhere.

W

Wopt

the

is
in-phase

the
vector
equalizer of

0

111

of
optimum
weights
T
length N , and
err

0 N + 1) ]
0 k). Squaring

1)
x (n
[xerr (n) xerr (n
1 herr (k)err
xerr (k) =
x(n
k=01

X

(10)

(11)
of
=

with
both sides

of (10) and taking expectation, we obtain

T RXX Wopt
he2EX i = Wopt
(12)
T
where RXX = hXerr Xerr i. Given the channel model, both RXX

W

and the optimum weight vector
opt can be easily computed. Note
that XX is a function of herr (n), which in turn depends on the
length of the Hilbert filter. Hence, we can employ (12) to estimate the
increase in the MSE due to the finite-length Hilbert filter of length
(2M + 1). In Section IV, we will verify (12) via comparison with
simulation results.

R

IV. SIMULATION RESULTS
In this section, the performance of the proposed structure functioning as a receive equalizer in an ATM-LAN transceiver, operating at
51.84 Mb/s over unshielded twisted pair (UTP-3) wiring, is evaluated.
The block diagram of the system that was simulated is shown
in Fig. 4. The two major causes of performance degradation for
transceivers operating over UTP wiring employed in most ATMLAN environments are propagation loss and near end crosstalk
(NEXT) generated between pairs of wires in the same cable. In the
experimental setup discussed in this section, the ATM channel is
assumed to be a 100-m UTP-3 wire, and a “TIA/EIA” NEXT model
[9] is employed.

The transceiver parameters chosen are [9] as follows:
• Bits per symbol: m = 4;
• Symbol rate: 1=T = 12.96 Mbaud;
• Excess bandwidth: = 1 (100%);
• Center frequency: fc = 12:96 MHz;
• Bandwidth utilization: 25.92 MHz;
• Transmit shaping filter tap span: 4 T ;
• Receive filter tap span: 8 T ;
• Bit-error rate (BER) desired: 10010 .
A desired BER of 10010 translates to a desired SNR0 of 23.25
dB at the output of the equalizer [9]. The original CAP receiver [see
Fig. 1(b)] provided an SNRo of 25.9 dB, which will be employed as a
benchmark against which the performance of the proposed structure
will be compared.
Experiment 1: The proposed receiver structure (see Fig. 2) is now
employed in the same channel, and its performance is evaluated when
Hilbert transformers of several lengths are employed. The spans of the
in-phase adaptive filter and the quadrature-phase FIR filter are fixed
at 8 T . The length of the Hilbert filter is varied, and the SNRo values
are compared against those predicted using the expression for the
excess error derived in (12). The results shown in Fig. 5 indicate that
the analysis and simulations match quite well. For very low values
of the Hilbert filter lengths, the SNRo values are lower than the
desired threshold. However, we obtain SNRo values of more than 25
dB, when the Hilbert transformer length is more than 33. This value
asymptotically approaches 25.9 dB as the Hilbert transformer length
increases. Per our analysis of power consumption in Section III-B,
a net power saving is obtained as long as the length of the Hilbert
filter is less than 130. Therefore, the proposed structure will provide
a noise margin better than 1.75 dB and enable power saving as long
as the Hilbert transformer length is greater than 33 and less than 130.
For example, when the Hilbert filter lengths are 33 and 41, the SNRo
values are 24.6 and 25.412 dB, and the corresponding power saving
is more than 20 and 18%, respectively.
Experiment 2: Power reduction with some tradeoff in SNR0 can
also be obtained by employing the traditional CAP equalizer in
Fig. 1(b) with reduced number of taps. In this subsection, the power
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reduction and the resulting degradation in SNRo obtained by employing a reduced length traditional equalizer is studied. The values
of SNRo for the traditional receiver with tap lengths varying from
16 to 32 were obtained, and these values are plotted against the
corresponding power saving (dotted line) in Fig. 6. The figure also
shows the corresponding plot for the proposed structure. The following conclusions can be drawn from Fig. 6: 1) If the desired SNRo is
more than 25.0 dB, the proposed structure offers higher power savings
than the original structure even if the number of taps is reduced; 2) for
lower values of desired SNRo , the original structure with lesser taps
saves more power. However, if the desired BER is lower than 10010 ,
the original structure would then need a higher number of taps, and
in that case, the proposed structure in Fig. 2 would lead to higher
power savings as compared with the original structure in Fig. 1(b).
We also compared the performance of the proposed structure to
that of the original structure in presence of phase offset at the input.
The degradation in performance due to phase offset of 4, 8, and
12 sample delays was measured for both the original structure and
the proposed structure with Hilbert filter length of 57. As expected,
we observed that the degradation in performance in both cases is
almost similar as a phase offset at the input does not alter the Hilbert
relationship between the I- and the Q-phase equalizers. However, for
general channel nonidealities, the degradation in performance for the
proposed structure could be higher as the quadrature-phase equalizer
is not adapted independently.
V. CONCLUSIONS
In this correspondence, we have presented a low-power architecture
for the PSPE by exploiting the Hilbert relationship between the
in-phase and quadrature-phase equalizers. Future extensions could
include consideration of low-complexity LMS and Hilbert filter
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structures and applications to other broadband systems such as a
very-high-speed digital subscriber loop (VDSL).
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