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ABSTRACT

Receive filtering in the Universal Mobile Telecommunication
System (UMTS) handset has two functions. Performing Root-
Raised Cosine (RRC) filtering to mitigate Inter Chip Interfer-
ence (ICI) and providing selectivity in order to be able to operate
in the presence of strong interference. This strong interference
is however not always present in practice. Therefor it is attrac-
tive to make the selectivity adaptive on the measured amount of
interference. This is possible with an adaptive digital receive
filter structure found in literature, which reduces the number of
used filter coefficients when less selectivity is required. This
reduces the required number of operations per filtered sample.
This structure however has the disadvantage that it increases ICI
for low selectivity. This can be solved by using a modified adap-
tive digital receive filter structure which uses optimized sets of
filter coefficients with different lengths for a range of selectiv-
ity requirements. The required number of operations per filtered
sample still reduces when less selectivity is required, but the fil-
ter structure becomes more complex because it needs to store
and load the sets of filter coefficients.

1. INTRODUCTION

Receive filtering in the Universal Mobile Telecommunica-
tion System (UMTS) handset has two functions. The first
function is to perform Root-Raised Cosine (RRC) filter-
ing of the received signal to achieve an aggregate raised
cosine response when paired with the transmit filter in the
base station [1]. This mitigates Inter Chip Interference
(ICI). The second function is to provide channel-selection
selectivity. This enables the handset to receive a desired
signal in the presence of interfering signals. Channel-
selection filtering in UMTS receiver architectures is tra-
ditionally performed partially in the analog front-end and
partially in the digital back-end [1]. Recently, however,
there is a trend towards highly digitized receiver architec-
tures, in which most of the channel-selection filtering is
performed in the digital domain [2]. This trend is driven
by the need for multimode receivers and made possible by
the developments in Analog to Digital Converter (ADC)
technology [3].
In [4] the worst case channel-selection selectivity require-
ments were determined from the UMTS receiver charac-
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Figure 1: Worst case channel-selection selectivity require-
ments shown as required stop-band attenuation as a func-
tion of frequency [4].

teristics for adjacent channel selectivity, in- and out-of-
band blocking and intermodulation in [5]. These require-
ments are shown in Figure 1 as a function of the frequency
offset from the center frequency of the desired channel. In
this figure the solid line indicates the selectivity require-
ments within the UMTS downlink band, while the dashed
line indicates the out-of-band requirements. LD(f) in
the figure represents the duplexer attenuation for a given
frequency, which is determined by the out-of-band du-
plexer attenuation LDUP,O(f) and the in-band duplexer
loss LDUP . In a highly digitized receiver architecture the
in-band selectivity requirements will have to be satisfied
entirely by the digital channel-selection filter [2]. This
means it will have to provide a stop-band attenuation of
33 dB at a frequency offset of 5 MHz and a stop-band at-
tenuation of 66 dB at frequency offsets of 10 MHz and
higher. Since the entire UMTS downlink signal band has
to be converted to the digital domain, this also poses strin-
gent demands on the sampling frequency and dynamic
range of the ADC. In [2] an ADC with a sampling fre-
quency of 153.6 MHz (i.e. 40 × chip rate of 3.84 MHz)
and a dynamic range of more than 66 dB is used. Such an
ADC has a power consumption of 14.1 mW [3].
However, in this paper we will assume a receiver archi-
tecture that holds the middle between a traditional and a
highly digitized receiver architecture. To relax the pro-
cessing power requirements of the digital part of the re-
ceiver the sampling frequency is chosen relatively low:
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Figure 2: Adaptive digital receive filter [8].

15.36 MHz. The analog channel-selection filter is mainly
used for image rejection. According to [1] it needs to at-
tenuate frequencies from the sampling frequency minus
3.84 MHz, upwards, by approximately 50 dB. This can
for example be achieved with a 4th order elliptic filter with
cutoff frequency of 5 MHz. Moving the cutoff frequency
of the filter away from the edge of the desired UMTS sig-
nal band reduces the ICI caused by the phase non linearity
of the filter, relaxing the requirements for the analog phase
equalization circuit [6]. The analog channel-selection fil-
ter also attenuates interfering signals at frequency offsets
of 10 MHz and higher by approximately 33 dB. So the re-
maining 33dB of attenuation at frequency offsets of 5MHz
and higher will have to be provided by the digital channel-
selection filter. When an oversampling factor of 4 is used
the required maximum stop-band attenuation of 33dB can
be achieved by a Finite Impulse Response (FIR) filter with
a 49 tap RRC impulse response. So a relatively large part
of the channel selectivity is still achieved in the digital do-
main.
As we have indicated in a recent paper [7], the interfer-
ence conditions in which the handset receiver has to oper-
ate can vary. This makes the use of adaptive digital receive
filtering possible when a relatively large part of the chan-
nel selection filtering is done in the digital domain [7]. In
Section 2 of this paper we will describe and analyze an
adaptive receive filter structure found in literature. This
receive filter structure has some disadvantages which can
be removed by modifying it as we will show in Section 3.

2. ADAPTIVE DIGITAL RECEIVE FILTER

In [8] Veljanovski et al. have proposed an adaptive digital
receive filter for a Time Division Duplex (TDD) UMTS
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Figure 3: Stop-band attenuation of the adaptive digital
receive filter as a function of the number of used filter co-
efficients.

handset receiver which stop-band attenuation is adjusted
to the measured interference. It is based on the effect that
the stop-band attenuation of a low-pass FIR filter reduces
when coefficients are removed from the tails of its impulse
response. This architecture can also be used in Frequency
Division Duplex (FDD) UMTS handsets and is shown in
Figure 2. It consists of a folded FIR filter structure with an
adjustable number of taps and a low-pass and a high-pass
output, two rectifiers, two Infinite Impulse Response (IIR)
low-pass filters and control logic. The folded FIR struc-
ture is used to implement the 49 tap RRC digital channel-
selection filter. The rectified and low-pass filtered low-
pass and high-pass outputs of the FIR filter are used to
respectively measure the power inside and outside of the
desired UMTS channel. Based on these measurements the
controller determines the required attenuation and the cor-
responding number of filter coefficients that needs to be
used to achieve that attenuation. When the attenuation and
thus the number of used filter coefficients can be reduced,
the required number of operations per filtered sample re-
duces as well, because less multiplications and additions
have to be performed.
The dashed line with the cross markers in Figure 3 shows
the stop-band attenuation of a 49 tap adaptive digital re-
ceive filter when the number of used filter coefficients is
reduced. Here stop-band attenuation is defined as the dif-
ference between the peak pass-band amplitude and the
largest stop-band lobe amplitude. For small numbers of
used coefficients the achieved stop-band attenuation is over-
estimated in this way, because the cutoff frequency of the
filter increases as well. It can be clearly seen that the stop-
band attenuation does not decrease linearly with the re-
duction in number of used filter coefficients. Furthermore
is the range over which the attenuation of the filter can be
varied rather limited. In a practical implementation of the
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Figure 4: EVM of the adaptive digital receive filter as a
function of the number of used filter coefficients.

adaptive digital filter therefor only the number of used co-
efficients / attenuation combinations indicated by the solid
line with the square markers will be used.
A disadvantage of reducing the number of used receive fil-
ter coefficients is that the ICI increases because the ideal
RRC impulse response is approximated less closely. In
literature discussing UMTS radio receivers a parameter
called Error Vector Magnitude (EVM) is commonly used
to indicate the amount of ICI. EVM is the root-mean-
square error between the ideal constellation points and the
actual symbols at the optimal sampling instants. It can be
expressed as:

EV M =

√

√

√

√

1

K

K
∑

k=1

|S(k) − R(k)|2

|R(k)|2
(1)

where R(k) and S(k) are complex numbers representing
the ideal reference symbol and the actual received symbol
at the sampling instant k. K is the number of received
symbols. EVM is usually given in percentage points.
Figure 4 shows the EVM as a function of the number of
used filter coefficients of the adaptive receive filter. To de-
termine each EVM point in this graph K=10000 randomly
selected symbols were used. It can be clearly seen that
the EVM increases for a reduced number of used filter
coefficients. According to [4] the EVM should be approx-
imately 5% at maximum in order not to influence the per-
formance of the receiver negatively. For small numbers of
used coefficients the EVM of the adaptive digital receive
filter becomes larger than 5%. So in the case of low se-
lectivity the adaptive digital receive filter will degrade the
receiver performance because it increases the ICI interfer-
ence too much.
The peak distortion is another parameter commonly used
to measure the ICI of a transmit-receive filter combination
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Figure 5: Peak distortion of the adaptive digital receive
filter as a function of the number of used filter coefficients.
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Figure 6: Stop-band attenuation of optimized digital
channel-selection filters as a function of the number of
used filter coefficients.

and is defined as follows:

Dp =
2
∑

∞

k=1
|h(N

2
+ kM)|

|h(N
2

)|
. (2)

In this equation h is the impulse response of the transmit-
receive filter combination, N is the length of this impulse
response and M is the oversample factor. Furthermore it
has been assumed that h is symmetric. Figure 5 shows the
peak distortion Dp as a function of the number of used
filter coefficients of the adaptive receive filter when it is
combined with a 49 tap RRC FIR transmit filter. As ex-
pected the peak distortion increases as well when the num-
ber of used filter coefficients is reduced.

3. MODIFIED ADAPTIVE DIGITAL RECEIVE
FILTER

In [9] Sevillano et al. propose algorithms to design RRC
FIR receive filters that trade off ICI and stop-band attenu-

Proceedings of SPS-DARTS 2006 (the 2006 The second annual IEEE BENELUX/DSP Valley Signal Processing Symposium)

57



50 45 40 35 30 25 20 15 10 5
0

2

4

6

8

10

12

14

16

18

Number of used filter coefficients

E
rr

or
 V

ec
to

r M
ag

ni
tu

de
 [%

]

Figure 7: EVM of optimized digital channel-selection fil-
ters as a function of the number of used filter coefficients.
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Figure 8: Peak distortion of optimized digital channel-
selection filters as a function of the number of used filter
coefficients.

ation. Using these algorithms we can find the coefficients
for a set of minimum length receive filters that achieve
a desired range of stop-band attenuations, while the peak
distortion Dp remains below a desired threshold.
An example of the results of this procedure for a range
of desired attenuations from 34 to 6 dB with a step size
of 1 dB is shown in Figure 6. The dashed line with the
cross markers indicates the number of used coefficients /
attenuation combinations that can be achieved. Figure 7
shows the corresponding EVM. Figure 8 shows that the
peak distortion Dp indeed remains below a desired thresh-
old, which was selected to be -20 dB in this particular
case.
The optimized sets of receive filter coefficients can be
used in a modified version of the adaptive receive filter
structure of Figure 2, in which not only the used num-
ber of coefficients is adjusted but in which also the coef-
ficients itself are changed. This will make the hardware
implementation of the filter more complex because the

different sets of filter coefficients have to be stored and
loaded. Figure 6 shows that a few times the same number
of coefficients is required to achieve a number of decreas-
ing attenuations (e.g. for 35 coefficients). In a practical
implementation of an adaptive receive filter therefor only
the coefficients corresponding with number of used coef-
ficients / attenuation combinations indicated by the solid
line with the square markers will be used.
Comparison of the attenuation and EVM curves of the op-
timized sets of receive filter coefficients in Figures 6 and 7
to the attenuation and EVM curves of the adaptive receive
filter in Figures 3 and 4 shows a tradeoff between attenu-
ation and peak distortion. For high attenuation levels op-
timizing the coefficients makes it possible to achieve the
required attenuation using fewer coefficients at the cost
of a slight increase in EVM. To achieve an attenuation of
34 dB, for example, the modified adaptive receive filter
would require a coefficient set with 37 coefficients, while
the original adaptive receive filter uses 49 coefficients.
The increase in EVM is only about 1%. For low atten-
uation levels optimizing the coefficients makes it possible
to limit the EVM at the cost of a slightly higher number
of used coefficients. At an attenuation of 20 dB the orig-
inal adaptive receive filter uses 11 coefficients and has an
EVM of about 8%. By optimizing the used filter coeffi-
cients this can be reduced to less than 4%, this however
requires 23 coefficients.

4. CONCLUSION & DISCUSSION

Using optimized sets of filter coefficients with different
lengths for a range of selectivity requirements makes a
modified adaptive digital receive filter structure possible
which stop-band attenuation can be adjusted to the mea-
sured interference conditions without increasing the ICI.
Compared to the original adaptive receive filter structure
found in literature this comes at the cost of a more com-
plex filter architecture and a slightly higher number of
used filter coefficients for low required attenuation levels.
It however has the advantage that the number of used fil-
ter coefficients for high required attenuation levels can be
smaller.
Which adaptive digital receive filter structure in practice
requires less operations per filtered sample depends on
the interference conditions that occur. In case the hand-
set usually has to operate in strong but varying adjacent
channel interference conditions the modified adaptive dig-
ital receive filter structure is more efficient because it uses
less coefficients for high attenuation levels. When there
is usually weak but varying adjacent channel interference
the original adaptive digital receive filter structure is more
efficient. Therefor it is relevant to study practical interfer-
ence conditions using coverage simulations or coverage
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measurements.
The resulting power consumption of the two adaptive digi-
tal receive filter structures depends strongly on the details
of their hardware implementation. To make a statement
about this designs for hardware implementation of both
filter structures will have to be made, so power estimates
can be obtained.
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