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1 Introduction

The channel as a physical medium for transmitting data can, e.g., be a
copper cable, an optical fibre, or air—three example channels that are
used for telephony. More generally, a channel can also be a magnetic
or optical medium for data storage.

In recent years, the telephone channel has become more and more
important for transmitting data. Several standards for data transmis-
sion systems over the voice-band channel are summarized in the Table
below. For details about the modulation method we refer to a basic
course in communications.

bit rate symbol rate modulation method CCITT-standard
330 300 2FSK V.21
1200 600 QPSK V.22
4800 1600 8PSK V.27
9600 2400 16QAM V.32ALT
14400 2400 128QAM,TCM V.32bis
28800 3429 1024QAM, TCM V.34

The channel influences the signal to be transmitted. It is desirable
to find a mathematical model. A copper cable, e.g., can roughly be
modeled as a bandpass filter with a pass band of 300 − 3300 Hz. An
adequate mathematical model of the channel constitutes the basis for
compensating the channel’s influence, which is referred to as channel

equalization.
In case the inverse of the channel exists, the channel is said to be

invertible. If the inverse does not exist, often an approximation can be
found. An algorithm that implements the channel equalization optimal-
ly in the maximum likelihood sense is the so called Viterbi algorithm.
The implementation of such a rather sophisticated algorithm is com-
parably expensive. Depending on the channel and the application, a
simple FIR-filter may be used for equalization, which is a low complex-
ity solution.

In many practical cases the channel can not be inverted, which may
have various reasons. Hence, there exists no equalizer. The properties
of, e.g., a radio channel may depend on the atmospheric conditions,
possibly existing reflecting objects, and the movement of both trans-
mitter and receiver. A copper cable appears to be a much more static
channel, however, the actual transfer function of a randomly chosen
pair may differ substantially from the theoretical model since several
parameters as well as their influence on the cable’s behaviour are unk-
nown. The temperature of the cable, the age of the cable, and the exact
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arrangement of the cable with respect to ground as well as other cables
and conductors are examples for such parameters. Hence, a priori an
accurate channel model is not available.

Once the channel properties have been determined exactly, they
may change with time. This is obvious for the radio channel, however,
even the properties of the copper cable may change, for example due to
a change of the cable’s temperature caused by the weather. Thus adap-

tive channel equalization, i.e. equalization that can adapt to different
channel conditions and track changes, is required.

Adaptation employs the receive signal to obtain an estimate of the
channel. A possible solution is that the transmission starts with a data
sequence that is known at the receiver, a so called training sequence.
A more sophisticated alternative is blind equalization, which does not
required knowledge of the transmitted data. After an initial equali-
zation phase (either done blindly or employing a training sequence),
it is advantageous to switch to decision feedback equalization, which
uses the data obtained by a decision device in the receiver. As a re-
sult of successful channel equalization the data rate can be increased
substantially. A problem with channel equalization is that the effect of
an interference present at the receiver input can be increased by the
equalizer.

2 Data transmission over the telephone channel

When transmitting data, e.g. fax, video streams, or web contents, over
the copper cable, the transmitted symbols suffer from inter symbol in-

terference (ISI). The responses of consecutively transmitted data sym-
bols influence each other at the receiver due the dispersive nature of
the channel. Figure 1 shows the principle in time domain.

The response of a transmitted symbol overlaps with the response
of the next symbol in time domain, which makes the reception more
complicated. So far we did not consider that the signal is modulated,
i.e., the information is transmitted in a high frequency band modula-

ted onto a carrier. For data transmission over the copper channel this
corresponds to a band that it centered in the passband. Figure 2 show
a more realistic model of a data transmission system.

Channel equalization can be investigated in the baseband, i.e., wit-
hout taking into account modulation and demodulation in the model, if
the channel is transformed into an equivalent baseband channel. After
sampling, a discrete time model of the system can be employed, which
is shown in Figure 3. In general, a data transmission system consists of
a modulator, a channel, and a demodulator. In this lab we will consider
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the channel equalization problem independently of the modulation and
hence concentrate only on the baseband equivalent.

In this model the desired output signal d(n − D) of the channel
equalizer is a delayed version of the transmitted signal d(n). With this
model, channel equalization can be viewed as Wiener filter problem.
The delay improves the conditions for the channel equalizer.
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Figure 1. Illustration of ISI. (a) and (c) are input signals, (b) and (d)
are the corresponding output signal of the channel C(F ). The
positive-valued response overlaps with the negative-valued re-
sponse.

modulator channel + A/D demodulator equalizer slicer

(+1 or -1)
pulse

Figure 2. Model of a data transmission system.
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Figure 3. Equivalent discrete-time model of a transmission system.
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In this lab, you will investigate adaptive channel equalization using
Matlab. The first part deals with the transient behaviour caused by
equalizing a stationary channel, where the transmitted sequence is
known at the receiver. This corresponds to a training phase: the trans-
mitter sends data that is known to receiver. In the second part, a chan-

nel exhibiting a zero in its magnitude response is investigated. The third
part deals with decision feedback equalization. For adaptation the LMS
algorithm is used.

+ equalizer
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v(n)

e
j ω

C(     ) +

d(n-D)

+ e(n)

-

LMS

Figure 4. Adaptive channel equalization in the training phase.

Preparation assignment 1

Consider a discrete-time channel described by its z-transform

C(z) = 1 − 2z−1 + 2z−2.

Design a channel equalizer (FIR filter) of length 3, where the desired
delay is z−D. Assume that both the transmit signal d(n) and the noise
v(n) are sequences of independent and identically distributed samples.
The variance of d(n) is σ2

d = 1, the variance of the noise is σ2

v = 0.5.
(Signal d(n) and noise v(n) are uncorrelated). Determine, with the help
of Matlab, the minimum MSE (mean square error) ξmin and calculate
the equalizer for D = 0, 1, 2, 3, 4. Which D yields the smallest ξmin?
Why?

Preparation assignment 2

Determine the frequency response of the non-causal Wiener filter Wo(e
jω)

for the channel shown in the figure below. The signal d(n) is to be esti-
mated based on the observed signal x(n). Assume that both d(n) and
the noise v(n) are sequences of independent and identically distribu-
ted samples of variance σ2

d and σ2

v , respectively. (Signal d(n) and noise
v(n) are uncorrelated). Determine the limit values limσ2

v
→0 Wo(e

jω) and
limσ2

v
→∞

σ2

vWo(e
jω).
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Channel model for preparation assignments 1 and 2.

3 Lab assignments

3.1. Equalization of a stationary channel

This part of the lab deals with baseband transmission employing pulse
amplitude modulation. A random sequence of symbols +1 and −1 is
transmitted over a channel that adds white noise.

Assignment 1.1. Start the script lab21. A menu should pop up.
First you should simulate the channel. Press the button Channel,
which draws the impulse response and the magnitude response in Mat-
lab Figure 3. The channel is an FIR lowpass filter with adjustable edge
frequency, order, and stop band attenuation. You can change the va-
lues via the menu fields edge frequency, order and SB-att. (stop
band attenuation). Press Channel afterwards in order to recalculate
the channel. Don’t choose SB-att. = 0 since this complicates the equa-
lization.

Choose a symbol interval using the slide bar and choose a value for
noise variance. Now set the parameters of the LMS algorithm: step
size mu (slide bar), equalizer order equ. order, number of samples
update in between two updates of the plots, and delay (corresponds
to D in preparation assignment 1).

Assignment 1.2. Press START in order to start the data trans-
mission and the adaptation of the equalizer. The receiver has access
to the data sequence (training phase). The impulse response and the
magnitude response of the equalizer are shown in Matlab Figure 3. The
transmitted data, the received data, and the equalized data are shown
in Matlab Figure 2. Observe the delay between the transmitted signal
and the received signal and between the transmitted signal and the
equalized signal. Both data transmission and equalization are termina-
ted by pressing STOP.
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Assignment 1.3. Observe how the magnitude response of the equa-
lizer changes during the adaptation. Investigate the influence of the
step size. Sketch the magnitude responses of the channel and the equa-
lizer below. How does the product of the two responses look like? Why?

...............................................................................................................
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If the equalizer has converged the data rate can be increased by
lowering the value in the field symbol interval. Stop the adaptation
by pressing STOP and verify your answer to the question above by
choosing Inverse, which sketches the inverse of the channel magnitude
response together with the equalizer magnitude response. Press Wie-

ner and investigate the Wiener filter solution. How can the magnitude
response be explained using the result of preparation assignment 2?

...............................................................................................................

Assignment 1.4. Investigate the influence of noise with high va-
riance. Repeat the training phase. Explain the magnitude response of
the Wiener filter solution using the result of preparation assignment 2.

...............................................................................................................

3.2. Channel with spectral zeros

In this section we investigate a channel that exhibits a spectral zero,
i.e., a dip in the magnitude response. Such channels are frequently
encountered in practice.
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In a radio channel, transmission may happen via several paths with
different delays. Destructive interference of the components arriving at
the receiver results in the spectral zero, where the frequency depends
strongly on the delays of the different paths, and hence on the proper-
ties and the location of the reflecting objects.

In a wireline communication link it often happens that (typically)
shorter pieces of cable are connected to the “main” wire in order to,
e.g., connect several telephones in different rooms of an apartment. Of-
ten, not all of these so called drop-wires (or bridge-taps) are needed
in an inhouse-wiring. In case a drop-wire is not properly terminated
by the characteristic impedance of the line, reflections occur. The re-
flected signals and the receive signal may, like in a radio link, interfere
destructively at the receiver input, which causes a spectral null. The
frequency at which this dip occurs, depends strongly on the lengths of
the wire and the drop wires.

In the following lab assignments the channel is designed in continuous-
time domain and then transformed into discrete-time domain.

Assignment 2.1. Start lab22. Create the channel by pressing
Channel. Find out how the channel is constructed by inspecting the
corresponding Matlab function. Determine the zeros and poles of the
channel in the s−plane.

Assignment 2.2. Investigate the corresponding discrete-time chan-
nel by choosing discrete-time. First the impulse response and then
the magnitude response is shown. The discrete-time channel has a dip
(a zero in the magnitude response) at f ≈ 0.4. Start the adaptation
(START) and observe the adaptation without noise. Adjust the step
size of the LMS algorithm. How does the resulting magnitude response
of the equalizer look like?

...............................................................................................................

Press STOP, Inverse and Wiener. Discuss the three magnitude
responses:

...............................................................................................................

Set noise variance to 0.001, start and observe the adaptation.

Assignment 2.3. Choose a new sampling frequency, for examp-
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le Fs = 6Hz, press discrete-time and repeat the previous assignments.
What is the difference compared to the case Fs = 5Hz. What is the
problem with equalization of a channel that has a spectral zero?

...............................................................................................................

3.3. Decision feedback equalization

Figure 7 shows a block diagram of a decision feedback equalizer (cf. Fi-
gure 4).
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d(n) d(n-D)
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C(     )

sign

+
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+

Figure 7. Block diagram of a decision feedback equalizer.

Decision feedback equalization is usually applied after a successful
coarse equalization using a training sequence or a blind equalization
algorithm. The receiver does not know the data that has been sent.
However, assuming that the coarse equalization performed in the be-
ginning is good enough to yield correct decisions, the decided (and
hence noise-free) data can be used instead. In case binary symbols
are transmitted (±1) the decision device corresponds to the sign of

d̂(n−D). The deviation between the decided symbol and the received
symbol corresponds to the error produced by the channel equalizer and
can be used to adapt the LMS algorithm. This decision feedback results
in convergence to the Wiener filter solution.

When do we use decision feedback equalization? Either the channel
equalizer keeps on tracking changes of the channel, or the filter coeffici-
ents are frozen after the coarse equalization (no error signal is genera-
ted to update the LMS). The channel properties may vary slowly due
to, e.g., the temperature change. Decision feedback equalization tracks
changes of the channel.
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Assignment 3.1. Start lab23. Choose Channel in the menu and
investigate impulse response and magnitude response of the channel.
Choose the parameters used in section 3.1. Start the training phase
with START and observe the equalization process. The dashed black
curve shows the Wiener filter solution.

Assignment 3.2. Terminate the training phase as soon as the equa-
lizer has converged by switching from training to freeze. The equalizer
magnitude response is now constant. Simulate a drift of the channel by
switching from fixed to drift in the menu. How do the channel and
the Wiener filter solution change?

...............................................................................................................

It is desirable that the magnitude response of the equalizer adapts
to changes of the channel.

Assignment 3.3. Press STOP and select training and fixed.
Start a new training phase with START. After the equalizer has con-
verged, switch from training to decision feedback. Simulate a drift
of the channel by switching from fixed to drift. How do the channel
and the Wiener filter solution change?

...............................................................................................................

Assignment 3.4. Increase the step size mu so that it is close to 1.
Switch from fixed to drift. Investigate the adaptation of the decision
feedback equalizer to changes of the channel for different values of mu.
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