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Abstract: Cellular radio communications operate in a severe radio environment. Multipath propagation, inter-channel, inter-symbol and
Multiple Access interference, frequency selective fading and many others, contribute to system performance degradation. Contemporary
techniques, such as zero-forcing equalization and sophisticated signal filtering, are used for interference cancellation. To observe the system

performance, BER analysis is made in this paper.
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1. Introduction.

Cellular networks operate in different geographical areas.
Crowded cities differ from plain fields as a matter of radio
propagation. Multipath, high speed movement of terminals, close
radio resource allocations and noise, are one of the causes for bad
signal reception. In real cellular radio systems, the communication
channel is with Additive White Gaussian noise and has time-
varying characteristics [1]. Multiple subscribers and multiple
channels, operating simultaneously, cause Multiple-Access
Interference (MAI), which is the limiting feature, downgrading the
overall system capacity. Moreover, the distortive character of the
radio environment spreads the transmitted data symbols in time,
interfering with each other. This phenomenon is called Inter-
Symbol Interference (ISI). Changes in the propagation environment,
e.g., due to mobility in wireless communications, introduce channel
time variation, which could be very harmful [6]. Code division
multiple access (CDMA) systems lead the popular multiple access
schemes mainly due to their better multiple access characteristics,
fading robustness and anti-interference capability.

For increasing the data rate, in 3G and 4G the traffic is
distributed among multiple orthogonal subcarriers and channel
signals are divided by orthogonal variable functions (OVFs). The
receiving signal consists of many fingers (up to 6), which typically
have phase differences. This is the cause of errors in the received
data. All the added components to the originally transmitted signal
can be assumed as noise. The noise figure is statistically explored
before the deployment of the system equipment.

Communication engineers face the challenge of finding
techniques for improving the error rate. Adaptive equalizers bring
beneficial results to the signal processing at the radio receiver.
Enhanced Rake-receivers are also in favor of multipath signal
extractions.

2. Mathematical models and equalization.

Exploring the radio environment is the first step when
deploying communication equipment. In the base station and the
terminals, multi-user receivers are utilized. They require knowledge
either of the dispersion of the mostly used user’s data sequence, or
of a previously negotiated preparation (pilot) sequence. When
neither exists, the extracting of information is called “blind
multiuser detection” [3]. Channel Impulse and Frequency responses
are the main characteristics of interest.

Fig. 1 - Model of a time-invariant impulse response.
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Looking at a fixed time, one can distinguish between time-
invariant (TIV) and time-variant (TV) channels. It can be said that
circumstances in a manner of movement (speed) of terminals,
crowded RF spectrum usage, etc., imply time variation or non-
variation.

The TIV channel is modeled by a finite impulse response (FIR)
(see Fig. 1). The TV channel is modeled with a basis expansion
model (BEM) (see Fig. 2), creating a BEM FIR channel.
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Fig. 2 - Model of a time-variant impulse response.

In Figure 1, the transmitted signal x[n] (sampled at time n) is
received as y®[n] with interference through the channel with L
multiple delays (A). The index term (a) here represents one of the
A-1 possible transmitted signals. This is a representation of the
multipath propagation and interference insertion. Each path has
transfer characteristic h® and for the signal y® we have the
mathematical model as follows:
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Multiple paths interfere with the adjacent symbols and cause
fading. More signal paths with time delay A=L cause more
interference. In (1) w®[n] represents the added White Gaussian
noise with power spectral density 6=N,/2.

To fight against interference, equalization is performed at the
receiver side. The optimum receivers employ Maximum Likelihood
(ML) sequence estimation, Maximum A-posteriori Probability
(MAP) rule for detection of symbols [1], or Zero-Forcing algorithm
(ZF). The suboptimum receivers use the following major
equalization techniques:

Block Linear Equalization (BLE);

Block Decision Feedback Equalization (BDFE);
Serial Linear Equalization (SLE);

Serial Decision Feedback Equalization (SDFE);
Frequency-Domain Linear EQ (FDLE);
Frequency-Domain Decision Feedback EQ (FDDFE).

Block and serial equalization have decision feedback schemes
described below.
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Fig. 3 - Block decision feedback equalization.

Here, in Fig. 3, H® to A% represents different symbols in a

predefined block set from particular alphabet. H is the data symbol
matrix with full column rank. After the noise insertion (w), y© to
y@D appear as interference-corrupted signals. And F® to F&D
appear as noise corrupted received symbols from the predefined set.
If noise (or interference) has caused the symbols chosen to be
erroneous, a symbol error occurs. The number of occurred errors is
estimated by the Bit Error Rate (BER). The BER characteristic
describes system performance. For signal symbol error correction,
different actions are taken [5]. One of it is to utilize a threshold and
a feedback decision device (-B). The feedback algorithm equalizes
erroneous amplitudes in the frequency spectrum, thereby the name
Equalizer. The equalized and estimated symbol § is mathematically
represented as [6]:

A-1
§=ZF(“) y@ —B.§=
A-1 a=0 A-1
= (Z F(“).H(“)> S—B.§+ z F@ @
a=0 a=0
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Figure 4 presents a serial decision feedback equalizer consisting
of a serial feedforward filters f®[n;] for the a™ output and a serial
feedback filter b[n;v], in order to find an estimate of X[n—d].
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Fig. 4 - Serial decision feedback equalization.

The so presented equalizer minimizes the Mean Square Error
(MSE). The minimum mean square error (MMSE) solutions offer
optimal balance between removing the ISI and noise enhancement,
and computational complexity. On Figure 5 MMSE adaptive line
enhancement is shown. The adaptive filtering is used to overcome
the added unwanted noise.
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Fig. 5 - Noise corrupted signal enhancement.
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Peak signal distortion is also minimized with equalization
techniques. Another of it is the Zero-Forcing Algorithm. The ZF
solution is achieved by forcing the cross-correlation, between an
error sequence and a desired information sequence, to be zero for
shifts in the range of sample duration within symbol duration
(0<n=<K). Comparing the MMSE with the Zero Forcing (ZF)
solution, the MMSE solution always leads to a better performance
than the ZF solution. However, the existence of the ZF solution
generally gives a good indication of the performance at high SNR.

3. Interfered signals processing.

A comparative study of interference cancellation algorithms
(ICA) for DS-CDMA cellular systems shows that the Fast ICA
algorithm is the best in extracting the unknown symbols, but it
requires high computational complexity and exhibits slow
convergence.

In constant multipath signal delays, the Rake-receiver is
employed. Rake-ICA is proposed, but this method relies on
multipath delay time information of the desired user, which
sometimes is difficult to be estimated.

The interference corruption of the signal results in data transfer
session rate degradation, or loss of voice communication for small
amount of time. Using a signal spectrum analyzer, the interference
in a TETRA radio signal is shown in Figure 6:

FEVY, 300 kHz = 5WT:
VEW. 1 MH:

Fig. 6 Left: interfered radio signal; right: non-interfered signal.

The left side shows massive signal corruption, and the right side
shows the same signal (in a different time, a few seconds late)
affected only by several amount of AWG noise. If the presented
interference is short and appear pretty occasionally (very rare), the
channel is modeled as time-invariant and error correcting codes and
bit interleaving schemes provide uninterrupted information flow. If
such interference changes the radio environment constantly in a
random manner, the channel is modeled as time-variant and receiver
filter equalizers are used.

The Recursive Least Squares (RLS) algorithm adaptive filter
uses a reference signal for input and a desired signal on one port to
automatically match the filter response in a Noise Filter block. As it
converges to the correct filter, the filtered noise should be
completely subtracted from the "Signal+Noise" signal, and the
"Error Signal” should contain only the original signal.
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Fig. 7 — Filter tap coefficients.
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In Figure 7, simulation results for filter tap coefficients, with
respect to time delay samples, are depicted. While on Figure 8,
simulation results for noise interference cancellation, after several
training sequences, is shown.

Fig. 8 — Interference cancellation.

An advanced technique in contrast with Least Mean Square
(LMS) and Recursive Least Square (RLS) seems to be the proposed
Laguerre Filter [4]. This algorithm performs well in the blind
symbol estimation in DS-CDMA systems and outperforms other
leading detectors. Results also show that Multiple Access
Interference (MAI) can be mitigated well by the proposed method,
thus improving the performance over conventional detection.
Furthermore, the results show the proposed detector maintains the
consistent improvement in the performance even though the number
of symbols is decreased.

Another contemporary technique is antenna diversity in
receivers. The larger the number of receive antennas M, the smaller
the probability that at some time all M channels are in a deep fade.

4. Symbol processing and BER analysis.

In the case of time-invariant channel, the frequency shift is
accepted to be zero (f,x=0), and the equalizer taps are assumed to
be three (L=3). A data bit block size of 64 is considered (N=64).
This block size is large enough such for blind channel estimation
and the overhead of the training symbols for training-based channel
estimation does not decrease the data transmission rate. It is also the
block size for the IEEE 802.11a and HIPERLAN/2 WLAN
standards. On Figure 9 and 10 a comparison of block equalizers
(BLE, BDFE) with frequency-domain equalizers (FDLE, FDDFE)
for TIV channels is shown.
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Fig. 9 — Bit Error Rate for M=1 and P=1.
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Fig. 10 — Bit Error Rate for M=2 and P=2.

On the figures, M is the number of transmission channels,
and P is the number of parameters included in the channel
characteristic. On Figure 11 and 12 a comparison of block and serial
(SLE, SDFE) equalizers for TIV channels is shown.
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Fig. 11 - Bit Error Rate for M=1 and P=1.
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Fig. 12 - Bit Error Rate for M=2 and P=2.

5. Conclusion.

In the severe noisy radio environment advanced techniques help
for the correct receiving of data while signals are interference-
corrupted. The studied serial and block filters achieve efficiency
with low computational complexity, operating under multipath
channel. It is shown that the effect of AWGN, ISI and MAI is best
eliminated with linear equalization. Implementing these equalizers
in cellular systems seems to be an efficient alternative for the
mobile cellular systems and for the evolutionary future generations.

Channel estimation training sequences bring knowledge of the
current channel condition, which enables the receiver to adjust the
equalizer coefficients, enhancing the signal recognition and decision
making. It can also be concluded that better the performance is
achieved by utilizing large number (M) of transmit/receive
antennas. On the other hand, Pre-Rake transmission leaves the
processing power to base station rather than to the terminal.

The automatic match to frequency response is not immediate
after symbols signal reception, but after a small period of
convergence time, the interference is shown to be cancelled.
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