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For a 10 dB gainin the output amplifier, the TOI of the buffer block wouldonly needto be
10 dB lessthanthat of the high poweramplifier in order to have the samedistortion contribu-
tion in the output to the antenna. Recognition ofthis is important, as powercontrolis often
affected by nonlinear elements such as PIN diodes.

2.3.3.5 Mixers

Mixers mayalso have acrucial impact ontransceiverlinearity. The higher the signal level]
thatis input into the mixer, the morecritical the distortion performanceofthe mixer becomes
to the overall distortion performance ofthe transceiver. Diode mixers donot have especially
good TOI andothersolutions maybe needed. Theuse ofhighlylinear resistive FET mixers
[22], or mixerlinearization techniques [23-25] could provide a solution. Some successful
workhas been done using predistortion to linearize mixers, for example, with results to date
reported in [26].

The nonlinear behaviorofthe transmitter mixers not onlyresults in the generation of IMD
productsbut also of related spurious signals that arise from the combination of the LOand IF
signals.

2.4 Candidate Architectures for SDR

This sectioncritically discusses techniques that could provide ways forward with SDRhard-
ware design. The techniques are analyzed, andtheir deficiencies highlighted.

2.4.1 Zero IF Receivers

Superheterodynereceivers have a numberofproblemsasfaras their application in an SDRis
concerned. These problems largely revolve aroundthe complexityofthe architecture, andthe
fact that this architecture must deal with imagesignals.

These problemscould be substantially solved if direct conversion architectures could be
employed [27]. A typical direct conversion receiver is shown in Figure 2.2. As well as
reducing the complexity of the receivercircuit, a direct conversion architecture has image
suppression properties andthus the design of image suppressioncircuitry is not as critical."
Weinvestigate this property before going on todiscuss in detail the downside ofthe zero IF
architecture (a broad outline of these problems has already been presented earlier in the
chapter).

2.4.1.1 Image Rejection Properties

The imagesignal is separated fromthe wantedsignal bytwice the IF frequency.It can there-
fore be assumedthat if the IF frequency were to be set to zero, there would be no image
problems. This is not quite the case, as the imagesignal turns out to be a frequency-inverted
image of the wantedsignal itself and, although some image rejection advantages can be
achieved, the image cannot be ignored. To achieve direct down-conversion of a complex
 

12 . - . . Pe
By the sametoken, the preselect filter as a tool for removingthe image signal is not available to the designer of a

zero IF receiver.
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Radio FrequencyTranslationforSoftwareDelinedRadios0

signal requires a local oscillator thatis itself a complex signal, with components in J and QO
branches that are in precise phase quadrature und precise amplitude halance.If this is achieved,
then the image signal witl be eliminated. If precise phase quadrature and amplitude bulance for
the local oscillator is not achieved, however, then a small sideband wilt be superimposed on
the wanted sideband. This will result in magnitude and phase errors for the received signal
constellation. Because the image signal in a direct conversion receiver is derived from the
wanted signatitself, and not from a high pawer blocking signal, the requirements for image
rejection (and by implication amplitude balance and phase quadrature ofthe Jocal oscillator)
are Nol quite as great as would be the case in superhelerodyne architecture. The question of
what is a reasonable amplitude and phase balance is taken up again in Section 2.4.2.

2.4.1.2 Problems with Zero IF architecture

DC Offset A signiticant problem with direct conversion architecture is the introduction, by
the process. of a DC offset. This DC offset can arise from a number of sources. One typical
source is illustrated in Figure 2.24.ft can be seenthat leakage of a local oscillator signal to the
input of the LNA, or the mixer, can occur either through imbalance in the mixer, er via
capacitive or inductive (substrate or bond wire} coupling within the LNA. Once these signals
are in the system, they are then mixed with themselves to produce a DC voltage at the input to

Gase band Amplifier
- Gain 80dB

LNA - Gain 20d]

 
Base band Amplifier -

Gain 80dB

 
Figure 2.24 Sources of DC offset
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the basebandamplifier. This phenomenonis knownasself-mixing. It can be seenthat a high
power interfering signal can also generate a self-mixed DC offset. This process is shownin
the lower diagram of Figure 2.24.

Figure 2.25 puts someillustrative figures on this process to provide an appreciationofthis
DCoffset level comparedto the wantedsignal. Assumingthat the local oscillatoris at a leve]
of 0 dBm, andthe attenuationthis signal experiences in reaching the input of the LNAis 80
dB, this results is an effective LO signal of — 80 dBmat the inputofthe receiver. This wil]
result in a self-mixed DC signal level of + 20 dBmat the input to the ADC.Ifit is assumed
that the receiver is designed to have a wanted power level at the input to the ADCof0 dBm,
then the self-mixed signal will be 20 dB greater than the wantedsignal.

 
20dBgain BPF LPF 80dBgain

 

 

    
 

-100dBm wantedsignal OdBmiaeeSneaa>

OO rwroO

ae ADC
aewsltn aq ‘ef _”

Tore eeennnee ™~ eee+20dBm-80dBm© -60dBm Seeecesener sneer

LO leakage~~. ‘\j)LO
0dBm

Figure 2.25 Sometypical signal levels for self-mixedsignals

In such asituation, a DCoffset greater than the wantedsignal will place a limit on the
amountof amplification possible with a direct conversion receiver. This happens because the
offset (rather than the wanted) signal will determine the powerlevel at whichthe receiver
amplifier saturates.

Because the antenna impedance varies with the surroundings in which the receiveris
placed, it is possible that the reflection of the LOsignal from this antenna will also vary
with time, as the mobile station moves. This will meanthat the DCoffset will also vary with
time and, while it is possible to cancel DCoffsets that are stationary, cancelling offsets that
are time varying is more difficult.

The most obvious way to remove a DCoffset is to AC couple the signal. This introduces

 
newproblems, however, in that the spectrum of a numberofbinary (or m-ary) modulation
schemeshasa peak at DC. It has been foundthroughsimulations that most ofthis peak needs
to be preserved. Thus, any highpassfilter usedtofilter the data requires a long time constant.
This in turn makes the circuit slowto respondto time varying offsets.

Analternative is to use a modulation scheme with no DC componentatall. Clearly sucha
design choice is not available to the designer of an SDR receiver.

A secondalternative is to adaptively cancel the offset. TDMA systemsareparticularlywell
suited to this techniquesince the time period betweenbursts can be usedto measuretheoffset,
which maythen be subsequently subtracted from the signal during the active part ofthe
signal.

15
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Radio FrequencyTranslationforSofiwareDefined Radios __ _

iff Noise A direct conversion receiver bas a large amount of its gain placed at baseband
frequencies. In che previousiJJustralive example in this chapter we have assumed a gain of20
dB in the LNA,and the remaining 80 dB al baseband. The overall noise figure of a cascade of
amplifiers is given by Equation (2), which is resialed here:

Fz -)
=F + —— 10FoF G, (10)

where Fis the overall noise figure of the recciver. F, is the noise figure of the LNA, F; is the
noise figure of the baseband amplifier and G, is the gain of the LNA.It can be seen that the
ngise contibution of the second stage is reduced by the gain ofthe first stage. However, the
second slage will have an excess noise figure duc to its eperulion at baseband, which
incorporates a I/f(flicker noise) component. This can meun that the noise performance of
the second slage becomes just as critical as the first.

Second-Order Distortion —Third-orderdistortion is an important parameterin the design of a
conventional heterodyne receiver. A two-tone test performed with frequencies f, and jf; will
generate third-orderdistortion components, 2/, — f2 and 2 — f), which are in-band, and will
slay in-band throughoul the complete down-conversion process. Second-order distortion
components f, — 2 and 2 — Jf) are out-of-band for conventional heterodyne structures and
thus need not be considered. In 2 direct conversion receiver the componentsf, —2 and4 — f;
are still out-of-band in the RF part of the receiver butfall within the passband of the baseband
amplifier, These components may teach baseband by:

® direct leakage through the mixer
® the second harmonic of the RF signal mixing with the second harmonic of the local

oscillator signal

Second-orderdistortion" will demodulate any amplitude modulation present on the signal,
so variations on the signal amplitude caused by, for exaniple, fading may result in a spurious
term being present al the receiver oulpul. Second-order distortion, like third-order distortion,
is characterized by an intercept point EP, (cf. IP; or alternatively TOL, for third-order distor-
lion). Second-orderdistortion is usually tackled by using a differential circuit structure. This
type of structure is ideally suited to realization in integrated circuil format.

Retransinission of Local Oscillator Signal The local oscillator signal net only causes
problems by being reflected off the antenna and self-mixed down to baseband, but it can
also cause problems by being transmitted from the antenna. Because direct conversion is
being used, the local oxcillater is ‘in-band.’ and may thus cause interference to adjacent
teceivers,

2.4.2 Quadrature Local Oscillator

One ofthe predominant reasons designers ofSDR receivers or transmitters are Jikely to reject
direct conversion architecture has to do with the difficulty of generating a wideband quad-
Talure local oscillater thal can cover the complete frequency band over which the SDR will be

 

* Orin fact any formof even order distortion.

16

 
 

 
 
 
 
 
 

 
 
 
 
 
 

 
 
 
 
 
 
 
 
 

 

 
 
 
 
 
 

 
 
 

 
 

 



17

  
 

 
 

 
 
 
 

 
 
 
 
 

 
 
 
 
 
 
 
  
  
   
 

 
60 Software Defined Radio: Enabling Technologies

required to operate. The local oscillator will track the center frequencyofthe signals being
received, andwill have to maintain precise phase quadrature, and precise amplitude balance,
overthat range of frequencies.

It can be shown[27] that the imagerejection ratio (IRR) of an image reject mixeris given
by -

1 — 2(1 + €)cos@ + (1 + ©)”
IRR = — inia (1

1 + 21 + ecosd + (1 + © )

where€is the unbalance in the magnitude ofthe local oscillator signals, and @is the phase
deviation from 90°. This equationis plotted in Figure 2.26, from whichit can be seenthat in
order to maintain an image suppressionofbetter than — 40 dB, the phase of the LO needs
to be matchedtobetter than 1° and the amplitude to better than 0.1 dB. Suchtight tolerances
are verydifficult to achieve over the wide frequency range that an SDR maybeasked to
cover.

There have been a numberofattempts to produce a widebandquadrature local oscillator
[28-32]; the most promising wouldappearto be the widebandquadrature oscillator described
in [28]. This circuit is a combinedresistor capacitor lowpass-highpass network with ampli-
tude stabilization being effected by feedback. The circuit, realized in GaAs technology,
produces a precise quadrature output with balanced amplitude. Performance of the ICis
impressive — it operates overa frequencyrange extending from 250 MHz to 4 GHz. Sideband
rejection exceeds 60 dB at | GHz,falling to 50 dB at 4 GHz.

An important downside is that the power consumption ofthe device is 1.5 W makingit
unsuitable for portable applications as yet. It has, however, been used in the Agilent
company’s measurement instrumentation products and, as such, it tends to be an ‘in-
house’ chip; to the authors’ knowledge, the chip is not at present available to the wider
technical community. Its existence does indicate, however, that viable commercial solutions
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Figure 2.26 Image suppressionas a function of LO phase and amplitude imbalance  
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art possible. and the possibility of having wideband, accurate, quadrature oscillators avail-
able within the next 5 years is very high. The availability of such devices, at lower power
consumption, will result in direct conversion becoming a much more viable architecture for
the SDR application.

Some work using transmission line stubs, and path differentials, to set up quadrature
signals, has been reported by Warr ct al. (see [30,3]]). Phase balance within 1.0° with
amplitude balance of 0.3 dB, over a bandwidth approaching one octave. is reported on an
essentially ‘open loop’ system.

24.3 Variable Preselect Filters

As an alternative to image reject mixing, it is possible to employ electronicaliy variable
preselect filters. Traditionally tuned filters have relied on varactor tuning, however, to
meet the requirements of SDR. new approaches such as tunable dielectric propertics or the
use of MEMSswitching are likely lo be needed.

2.4.3.1 Design Issues

The frequency range of wanted signals for the range of the receiverair interface stan-
dards that we have been considering can be represented graphically, as shown in the
upper line of Figure 2.27. The second linc of Figure 2.27 shows the coverage required of
presclect filters, It can be seen that four filters are required. The table at the bottom of
this diagram lists the performance required of these filters in terms of the upper and
lower cul-olf frequencies. This table assumes that the bandwidth of ihe preselection filter
is limited to about 5% of the filter center frequency. and thal any bandwidth required
over and above this amount can be obtained by sweeping the filler characteristics. Five
percent bandwidth tends to be a reasonable figure as, when designing distributed
component filters. realization starts to become difficult when the filter bandwidth
approaches | %.
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Figure 2.27) Frequency of operation of an SDR imagerejectfilter
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Figure 2.28 Filter coverage required for the UMTS, DCS1800, and DECTbandandfor the HIPER-
LAN/2 band

One possible arrangement forthe variable filters is shown in Figure 2.28, where a constant
bandwidthfilter is proposed (100 MHzin the case ofthe lower frequencyfilters, and 300
MHz inthe case of the HIPERLAN/2filters). The lowfrequencyfilter will be swept in four
steps to cover the UMTS, DCS1800, and DECT band,and the high frequencyfilter in three
steps to cover the HIPERLAN/2 band.

Togive somepracticalbasis to the discussionofdesignissues, let us assumethat the first IF
frequency is chosen to be 160 MHz, a reasonable choice for the first IF of the 2 GHz

frequency band. Now, if we assumethat the wantedsignalis sitting at the low frequency
edgeofthefilter pass bind, then the worst case wouldbe if the image signal is above the filter
pass bandin frequency(highside conversion), at a frequency of 320 MHz (i.e. twice the IF)  

 above the wantedsignal. The image reject filter does not commence ‘cutting off’ until
100 MHz. The amount it cuts off in the remaining 260 MHz will determine the image
rejection performanceofthereceiver, as illustrated in Figure 2.29.
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  Effectoffilter response on receiver image rejection performance Figure 2.29
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Using this approach we can calculate the order ofthe filter we would require for our image
reject filter. The standard formulae for the order of a Chebyshev filter required to give a
particular pass band loss is given by Equation (12) (see [33)).

- con’(107 -1)(10ie) 12)
cosh’ 'w,

 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 

 
 

 

 

where # is the order of the filter. a,., is Lhe maximum permitted attenuation in the pass band
(which is approximately the image rejection expressed as a lincar ratio), and w, is the
nomualized frequency that defines the beginning of the stop band, and ay, is the minimum
permitted attenualion in the stop band,

24.3.2 Practical Design of Image Reject Filter

An image reject filter wili always operate at RF; therefore the option for the design of a
flexible preselectfilter is at present limited to realization as either a distributed component
design or as a MMIC.

There have been a few variable MMIC filter designs reported in the literature, nolably that
of Katzin, reported in (34]. produced as a prototype MMIC for the Hittite Corporation. Two
versions were produced, both exhibiting = 100 MHz bandwidth. Onc had a center frequency
that could be sweptfrom 1500 to 2,000 M1Iz and the other a center frequency swecpable from
1980 to 2650 MIfz. The filler unfortunately never progressed beyond the prototype stage. due
to lack of sufficient dynamic range [35]. Nonlinearily is introduced into MMIC designs from
lwo sources.First, ii occurs because a vacactor is often used to tune the device. and second,a
nonlinear active device is often used to compensate losses in MMIC filer components.'*

There are several classic types of distributed component microwavefilters. If we restrict
consideration to these filters which could conceivably be realized in microstrip. or similar,
technology, then we are left with the followinglist.

© end coupled microstrip
* edge coupled microstrip with open circuit or short circuit termination
® interdigital microstrip
® combline microstrip
® hairpin microstrip.

Mostofthese filler architectures were developed in the late 1950s and early 1960s (36,37).
Figure 2.30 illustrates the essential geometry ofthese filter types.

All of these filter architectures are designed for a fixed center frequency, fixed bandwidth
application: the question thus remains as to how they might be electronically tuned. A number
of suggestions are listed below.

varactor diode tuning at some stralegic point on the filler structure;
constructing the filter on a substrate, whose dielectric constant could be electrically
varied:

switching parts of the transmission line so that the physical characteristics ofthe filter
slructure could be changed.
 

" By introducing, for example, negative resistance across an inductor.
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End coupled microstrip Edge coupled al
CgSS||AA microstrip (ss,

 
  

  

= [

Interdigital filter | i: Hairpinfilter | i]
Combline filter

     f
H+) Hp +} 4h +} 4)

Figure 2.30 classical microstripfilters

Varactor diode tuning has beeninvestigated with Combline filters [38]. Filter designs are
reported in which the center frequency can be swept from 3200 MHz to 4800 MHz with a
bandwidth of about 200 MHz. Reportedinsertionloss for suchafilter is of the orderof5 dB.
Sucha filter structure is likely to exhibit distortion problems, because ofthe presenceofthe
nonlinear, varactor diodes.

It wouldbe possible to sweepthe filter characteristic by sweeping the effective dielectric
constant of the substrate. As the electrical length of a transmissionline is inversely propor-
tional to the square rootof the dielectric constant, this will cause the center frequencyofthe
filter to vary. The substrate would allowthe dielectric constant to change in response to
variation in anelectrical bias. Such a substrate material has been developed byaresearch
laboratory in the United Kingdom.This technologyhas been subsequentlysoldontoa third
party, and its commercial future is presently uncertain.

Switching the componentpartsofafilter, in and out ofcircuit, using micro-electro-mechan-
ical structures (MEMS) seems tooffer analternative solution [39]. The use of electro-mechan-

ical switches will meanthatthe filter is composedentirelyoflinear components, andtherefore
the dynamic rangeofthe filter should not be prejudiced. The major problemwithelectrically
switchingafilteris to preservethefilter geometryasthe centerfrequencyis translated, while at
the sametimeutilizing an essentially simple switching arrangement. Structures, such as edge
coupledlines,or interdigitizedfilters, have geometry problemsas switching extends lines.

At the time ofwriting, the simplest arrangement fortuning thefilter characteristic would
appearto be the modified hairpin structure shownin Figure 2.31 [40-42]. This filter has a
coupledline, which loads the top ofthe hairpin and formspartofthefilter resonator. Inter-
stage transformer action is brought about by edge coupling of the U-shapedstructures.

 
inter-stage Transmission
coupling line= TF 5

 | Opencircuit coupledlines provide
| capacitive loading forthe endofthe

= transmissionline. 
input

output tap

Figure 2.31 Switching filter center frequency using MEMS
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MEMSawvitebes used ty switch lengths efcoupled
Wansmissivn line in and out ofcircuit

Minimum resonant frequency  Maximurn resonant frequency

Figure 2.32 Switching filter center Trequency using MEMS

 
 Tuningofthis filter using MEMScanpotentially be achieved by shortening the lop loading

coupled line. as shown in Figure 2.32. A simple filler of this type has been simulated on
advanced design systems (ADS); the results are shown in Figure 2.33.

 
 

 

- Langest stub -Shortest stub

S21(iB)

I Frequency (GI Iz)

Fignore 2.33 Simulated response of MEMS-tunedhairpin filter

i 2.4.3.3 The Potential Role of MEMS Technology

: The potential role of MEMStechnology gocs beyond the example just discussed. In the recent
i Past there has been an explosive growth ofinterest in MEMS components [43.44].It is possible
i ta use MEMStechnology not only Lo realize essentially simple MEMS switches but also to
i realize quite complex mechanical shapes. Micro sized resonator structures become 4 possibi-
i lity. This meansthatfilters and duplexers may be implemented as MEMS components.It may

Not be necessary to actually lune a filter. but potentially the sameeffect may be achicved using
MEMSswitches io configure a path through a large numberoffixed (requency “microfillers.’
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Asanalternative, it may be possible to vary the geometry of a MEMS filter to effectively
tune afilter. It is possible, for example, to tune a MEMSfilter by physically moving the
fingers of an interdigital capacitor in and out of mesh.

It may be that MEMS componentswill lead the way in making the breakthroughs required
to realize muchofthe potential of SDR. Certainly this is an exciting area that could allow
some longstanding design groundrules to be rewritten.

2.4.4 LowIFReceivers

As discussed earlier, in Section 2.4.1, the principal problems associated with the direct
conversion(or zero IF) architecture are the realization of a wideband quadrature oscillator
andthe DCoffset caused byself-mixing. LowIF architecture is an endeavorto separate the
wantedsignal from the DCoffset via the use ofa low, but nonzero,final IF frequency, thereby
retaining all the advantagesofazeroIFstage, while eliminating one of the mostsignificant
problems (DCoffset).

The signal spectra with a typical low IF down-conversion is shown in Figure 2.34,
using illustrative frequencies to give afeel for the nature of the signals with which weare
dealing.

It can be seen that both the wanted signal and the image signal are present in the
baseband, placing the image signal very close in frequencyto the wantedsignal (because
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Figure 2.34 LowIF mixing 
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the IF frequency is smal) by definition in a low IF architecture). making the image
difficult to remove using conventional filtering. ‘To remove the image requires image
reject mixing lo be performed. Image reject requirements for a low [F stage are nol as
stringent as those for a conventional superheterodyne stage. nor are they as low as the
zero IF stage.

Consider a final 1F of 500 klix. The blocking specifications for the GSM air interface
standard {see Figure 2.43) would permit a blocking signal at a separation of twice the IF
frequency (1 MHz) to bc at a level of - 33 dBm. fF a calculation like that in Section 2.2.3.3 is
performed:ii can be shown that the required image rejection is 78 dB. The lowerthe IF, the
lower will be the required image rejection performance.

2.4.4.1 Complex Filtering

An ahemative to image reject mixing is use of a complex filler. A conventional filter,
operating on real signals, is only capable of realizing complex poles in pairs [45,46]. If the
signal is complex, however, then a filter thal contains a single complex pole may be realized.
Figure 2.35 shows suchafilter.

 
 

H(jo) 

 

 

Complex
Low passfilter bandpass filter
=——)

Je

Figure 2.35 S$ plane and frequency response representation of the transhation of the poles of a lowpass
to a bandpass filter that responds only 16 positive frequencies
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In this filter the translation of the lowpass poles, to the bandpass poles,is effected bythe
transformationlisted in Equation (13):

Hpp(s) = Ayp(s — ja;) (13)

where Hgp(s) is the frequency response of the bandpass filter, Hyp(s) is the frequency
response ofthe lowpassfilter and @; is the frequencyoffset of the bandpasspoles. Ifthe
transfer function ofa lowpassfilter is described by the equation

l
H, p(s) = —- (14)

1+ —
Wo

whichhas a pole at — wo, the transfer function ofthe corresponding bandpassfilteris given
by

Hpp( (15(s) = ————— 5
p(s) S — ja; )] ——

Wo /

This transfer function has apole at

S= —@ + Jo; (16)

Sothe pole is shifted up the imaginaryaxis bya distance of@;j.
The transfer function of Equation (15) can be rewritten as

l
——_——_—_ (17

1 — 2jQ + s/w
Hpp(s) =

where

Q; 

Q=
2a

This type of operation can be performedthe circuit shownin Figure 2.36. The output ofthe
summing nodeofthis filter is given by

z(t) = x(t) + (—1 + 2jQ)y(t) (18)

 
Figure 2.36 Basic complex filter
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Therefore the output of the filter can be shown to be

| } Laer.
w= slo, = dae + (-1 ™ 2jQ)rt))

WAYsleoy — (~1 + 27Q)) = xl)

xO
xt 1 ~— 20 + slo

which corresponds with Equation (17).
The circuit that will allow complete realisation of this filter is shown in Figure 2.37. xpft)

and aft) represent the real and imaginary parts of ihe input signal. veft) and ¥,(t) represent the
real and imaginary parts of the outpul signal. Using this filter, either the positive or negative
frequency components of the filter may be selected. Residval response at the undesired
sideband will be determined by the accuracy and balance of the filter components and the
accuracy of the quadrature Jocal oscillator.

Alijy= (19)
  

 
Figure 2.37 Complete realization of a complex filter
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The Digital Front End — Bridge
Between REF and Baseband

Processing

Tim Hentschel and Gerhard Fettweis

Technische Universitit Dresden

6.1 Introduction

6.1.1 The Front Endofa Digital Transceiver

The first question that might arise is: What is the digital front end? The notion ofthe digital
front end (DFE) has beenintroducedbythe author in several publications (e.g. [13]). None-
theless it is useful to introduce the concept of the DFE at the beginning ofthis chapter.

Several candidate receiver and transmitter schemes have beenpresented by Beachetal. in
Chapter 2. Theyall have in commonthat theyare different from the so-called ideal software
radio insofaras the signal has to undergo somesignal processing steps before the baseband
processing is performed on a software programmable digital signal processor (DSP). These
Signal processing stages between antenna and DSP canbe groupedandcalledthe front endof
the transceiver.

Historically, the notion of a front end was applied to the very part of a receiver that was
mountedator near the antenna.It delivered a signal at an intermediate frequency which was
Carried along a wire to the back end. The back end was possibly placed apart from the
antenna. In the current context the notion of the front end has been underminedabit and

Moreover extendedtothe transmitterpart of a transceiver. The functionality of the front end
Can be derivedfromthe characteristics of the signals at its input andoutput. Figure 6.1 shows
the front endlocated betweenthe antennaand basebandprocessing part ofa digital receiver.

Its input is fed with an analog wide-band signal comprising several channels ofdifferent
Services (air interfaces). There are N; channels of bandwidthB; ofthe ith service (airinter-
face). Integrating overall servicesi yields the total bandwidth B ofthe wide-bandsignal. It
Includes the channel-of-interest that is assumedtobe centeredat f..
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Figure 6.1 Adigital receiver

The output ofthe front end must deliver adigital signal (ready for baseband processing)
with a sample rate determinedbythe currentairinterface. This digital signal represents the
channel-of-interest of bandwidth B; centered at f, = 0. Thus, the front end ofa digital

receiver must provide a digital signal |
© of a certain bandwidth,

e atacertain center frequency, and
e with a certain samplerate.

  Hence, the functionalities of the front end of a receiver can be derived from the four empha- ;
sized wordsas: 
 
  e channelization,  

   — down-conversion ofthe channel-of-interest from RF to baseband, and
  
 — filtering (removal of adjacent channel interferers and possibly matchedfiltering), |  

  e digitization, |
e sample-rate conversion, and ;  
 (synchronization). 
 
 

 
 Shouldsynchronizationbelongtothe front endornot?Ifthe front endis equivalent to what

Meyret al. [19] call the inner receiver, synchronizationis part ofthe front end. Synchroniza-
tion basically requires twotasks: the estimation oferrors (timing, frequency, and phase)
inducedbythe channel, andtheir correction. The latter can principally be realized with the
samealgorithms andbuilding blocks as the channelization and sample-rate conversion. The

 
  

    
 estimationoftheerrors is extra. In the current context these estimation algorithms shouldnot

be regarded as. part of the front end. The emphasis lies on channelization, digitization, and
 
  sample-rate conversion.

Having identified the front end functionalities, the next step is to implement them. The
question arises of where channelization should be implemented, in the analog ordigital
domain. As the different architectures in Chapter 2 suggest, some parts of channelization

 
  

  
 can be realized in the analog domain andotherparts in the digital domain. This leads to
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Figure 6.2 The front endofa digital receiver

distinguishing the analog front end (AFE) and the digital front end (DFE) as shownin
Figure 6.2. Thus, the digital front endis part ofthe front end. It performs front end function-
alities digitally. Together with the analog-to-digital converterit bridges the analog RF- and
IF-processing onone side andthe digital baseband processing onthe otherside.

The sameconsiderations that exist for the receiver are valid for the transmitter of a soft-

ware definedtransceiver. In the following, the receiverwill be dealt with in most cases. Only
where the transmitter needs special attention will it be mentioned explicitly.

In order to support the idea of software radio, the analog-to-digital interface should be
placedas neartothe antennaas possible thus minimizing the AFE. However, this means that
the main channelizationparts are performedin the digital domain. Therefore the signalat the
input to the analog-to-digital converter is a wide-bandsignal comprising several channels, i.e.
the channel-of-interest and several adjacent channel interferers as indicated by the bandwidth
B in Figure 6.1. On the transmitterside the spurious emission requirements must be met by
the digital signal processing andthe digital-to-analog converter. Hence, the signal character-
istics are an important issue.

6.1.2 Signal Characteristics

Signal characteristics means what the DFE must cope with (in the receiver) and whatit must
fulfill (in the transmitter). This is usually fixed in the standardsofthe differentair interfaces.
These standards describe, e.g. the maximumallowed powerofadjacent channel interferers
andblockersat the input of a receiver. Fromthese figures the maximumdynamicrange ofa
wide-bandsignalat the inputto a software radioreceivercan be derived. Thesespecifications
for the major European mobile standardsare given in the Appendix to Chapter2.

The maximumallowed powerofadjacent channels increases with the relative distance
between the adjacent channeland the channel-of-interest. Therefore, the dynamic range ofa
wide-bandsignal grows as the numberofchannels that the signal comprises increases. In
orderto limit the dynamic range, the bandwidthof the wide-band signal mustbe limited. This
is done in the AFE. Bythis means the dynamic range can be matchedto whatthe analog-to-
digital converter can cope with. Assuming afixedfilter in the AFE, the total numberof
channels inside the wide-bandsignal depends on the channel bandwidth. This is sketched in
Figure 6.3 for the air interfaces, UMTS (universal mobile telecommunications system), IS-
95, and GSM(global system for mobile communications), assuming a total bandwidth of
B=5 MHz, and where 6 stands for the minimumrequired signal-to-noise ratio of the
channel-of-interest which is assumedtobe similarfor the three air interfaces.

Obviously, a trade-off between total dynamic range and channel bandwidth can be made.
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Figure 6.3 Signal characteristics and the bandwidth dynamic range trade-off (adapted from [13],
© 1999 IEEE)

 
The smaller the channel bandwidthis, the larger is the numberof channels inside afixed
bandwidth and thus, the larger is the dynamic range of the wide-bandsignal. This trade-off
has been named the bandwidth dynamic rangetrade-off[13]. It is important to note that only
the channel-of-interest is to be received. This means that the possibly high dynamic range is
requiredfor the channel-of-interest only. Distortions, e.g. quantization noise of an analog-to-
digital converter, must be limited or avoided only in the channel-of-interest. This property
can be exploited in the DFE resulting in reducedeffort, e.g.

S

1. the noise shaping characteristics of sigma-delta analog-to-digital converters fit this
requirementperfectly [11],

Nm . filters can be realized as combfilters with low complexity (this is dealt with in
Sections 6.4.1 and6.5.4).

 Onthetransmitterside the signal characteristics are not as problematic as on the receiver side.
Waveformsandspurious emissions are usually providedin the standards. These figures must
be met, influencing the necessary processing power, the word length, and thus the power
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consumption. However,acritical part is the wide-band AFEofthe transmitter. Since thereis
no analog narrow-bandfilter matchedto the channel bandwidth, the linearity of the building
blocks, e.g. the power-amplifier, is a crucial figure.

6.1.3 Implementation Issues

In order to implement as manyfunctionalities as possible in the digital domain and thus
provide a meansfor adapting the radio to different air interfaces, the sample rates at the
analog/digital interface are chosenveryhigh. In fact, they are chosenas high as the ADCand
DACallow. The algorithms realizing the functionalities of the DFE must be performedat
these high sample rates. As an example, digital down-conversion should be mentioned. As
can be seen in Section 6.3, a digital image rejection mixer requires four real multiplications
per complex signal sample. Assuming a sample rate of 100 million samples per second
(MSps) this yields a multiplication rate of 400 million multiplications per second. This
would occupy a good deal of the processing power of a DSP, however, without really
requiring its flexiblity. Therefore it is not sensible to realize digital down-conversion on a
digital signal processor. The same considerationalsoholdsin principle for channelization and
sample-rate conversion: very high sample rates in connection with signals of high dynamic
range makesthe applicationofdigital signal processors questionable. If, moreover, the signal
processing algorithms donot require muchflexiblity from the underlying hardware platform
it is not sensible to use a DSP.

Asolutionto this problemis parameterizable andreconfigurable hardware. Reconfigurable
hardware is hardware whose building blocks can be reconfigured on demand.Field program-
mable gate arrays (FPGAs) belong to this class. Up to now these FPGAs have a long
reconfiguration time comparedto the processing speed they offer. Therefore they cannot
be reconfigured dynamically, i.e. while processing. On the other hand, the application in
mobile communications systemsis well defined. There is a limited numberofalgorithms that
must be realized. Forthat reason hardwarestructures have been developedthatare not as fine-
grained as FPGAs. This means thatthe building blocks are not as general as in FPGAs butare
much moretailored to the application. This results in reducedeffort.

If the granularity of the hardware platform is made even more coarse, the hardware is no
longer reconfigurable but parameterizable. Dedicated building blocks whosefunctionalityis
fixed can be implementedonapplicationspecific integrated circuits (ASICs) veryefficiently. If
the main parameters are tunable, these ASICs can be employedin software defined radio
transceivers. A simple example is the above-mentioned digital down-conversion. The only
thing that must be tunableis the frequencyofthe local oscillator. Besides this, the complete
underlying hardwaredoesnot needto be changed. This is veryefficient as long as digital down-
conversionis required. In a potential operation modenot requiring digital down-conversionof
a software radio, the dedicated hardware block cannot be used and mustbe regardedasballast.

However, with respect to the wide-band signal at the output of the analog-to-digital
Converter in a digital receiver, it is sensible to assume that the functionalities of the DFE,
Namely channelization and sample-rate conversion, are necessary for most air interfaces.
Hence, the idea of dedicated parameterizable hardware blocks promises to be anefficient
Solution. Therefore,all considerations andinvestigations in this chapter are made with respect
to an implementation as reconfigurable hardware.

Hardware and implementation issues are covered in detail in subsequent chapters.
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6.2 The Digital Front End

6.2.1 Functionalities of the Digital Front End

Fromthe previous sectionit can be concludedthat the functionalities of the DFE ina receiver
are

e channelization (i.e. down-conversionandfiltering), and

e sample-rate conversion.

The functionalities of a receiver DFE areillustrated in Figure 6.4. It should be notedthatthe
orderofthe three building blocks (digital down-conversion, SRC, andfiltering) is not neces-
sarily as shownin Figure 6.4. This will becomeclearin the course ofthe chapter.

Since the DFE shouldtake overas manytasks as possible from the AFE in asoftwareradio,
the functionalities of the DFE are very similar to what has been described in Section 6.1.1 for
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Figure 6.4 Adigital receiver with a digital front end

the front end in general. The digitized wide-band signal comprises several channels among
whichthe channel-of-interest is centered at an arbitrary carrier frequency. Channelizationis
the functionality that shifts the channel-of-interest to baseband and moreover removesall
adjacent channel interferers by meansofdigital filtering.

Samplerate conversion (SRC) is arelatively ‘young’ functionality in a digital receiver. In
conventional digital receivers the analog/digital interface has been clockedwithafixedrate
derived fromthe masterclockrate ofthe air interface that the transceiver was designedfor.In
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software radio transceiversthere is noisolatedtarget air interface. Therefore the transceiver
must cope with different master clock rates. Moreover, it must be borne in mindthat the
terminal and base station run mutually asynchronously and must be synchronized whenthe
connectionis set up.

There are two approaches to overcome these twoproblems.First, the analog/digital inter-
face can be clockedwith a tunable clock. Thus, forall air interfaces the right sampling clock
can be used. Additionally, it is possible to ‘pull’ the tunable oscillator for synchronization
purposes. It is clear that such atunable oscillator requires considerably more effort than a
fixed one. Forthat reason designers favourthe application ofa fixedoscillator. Nonetheless,
the baseband processing requires a signal with a proper sample rate. Hence, sample-rate
conversion is necessary in this case for converting between the fixed clock rate at the
analog/digital interface andthe target rate of the respectiveair interface.

Veryoften interpolation (e.g. Lagrange interpolation) is regarded as a solution to SRC.
Still, this solution is only sensible in certain applications. The usefulness of conventional
interpolation depends onthe signal characteristics. In Section 6.1.1, it has been mentioned
that the wide-bandsignal at the input of the DFE ofa receiver can comprise several channels
beside the channel-of-interest. However, only the channel-of-interest is really wanted. This
fact can be exploited for reducing the effort for SRC (see Section 6.5).

Since both channelization and SRC requirefiltering, it is possible to combine them. This
can lead to considerable savings. A well-known example is multirate filtering [1]. This is a
concept wherefiltering and integer factor SRC (e.g. decimation) are realized stepwise on a
cascadedstructure comprising several stages offiltering and integer factor SRC. Generally,
this results in both a lower multiplication rate and a lower hardware complexity.

The functionalities of the transmitter part of a DFE are equivalentto those ofthe receiver
part: the basebandsignal to be transmittedis filtered, digitally up-converted, andits sample
rate is matchedto the sample rate of the analog/digital interface. Although there are no
adjacent channels to be removed, filtering is necessary for symbol forming andin orderto
fulfill the spurious emissions characteristics dictated by the respective standard. Again,
filtering and SRC can be combined.

There is a strong relationship between digital down-conversion andchannel filtering since
they form the functionality channelization. On the other hand, it has been mentioned that
there is also a strong relationship between channel filtering and SRC,e.g. in the case of
multirate filtering. In the main part ofthis chapter, a separate section is dedicated to each of
the three, digital down-conversion, channel filtering, and sample-rate conversion. Important
relations between themare dealt with in these sections.

6.2.2 The Digital Front End in Mobile Terminals and Base Stations

The great issue of mobile terminals is power consumption. Everything else is less important.
Power consumptionis the alphaandthe omegaof mobile terminal design. On the otherhand,
mobile terminals usually must only process one channel at a time. This fact enables the
applicationofefficient solutions for channelization and SRC that are based on the multirate
filtering concept.

In contrast to this there are norestrictions regarding power consumptioninbasestations
besides basic environmental aspects. Still, in base stations several channels must be processed
in parallel.
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This fundamental difference between mobile terminals and base stations must be keptin
mindwheninvestigating and evaluating algorithms andpotential solutions.

6.3 Digital Up- and Down-Conversion

6.3.1 Initial Thoughts

The notion of up- and down-conversionstandsfor a shift of a signal towards higheror lower
frequencies, respectively. This can be achieved by multiplying the signal x,(f) with a complex
rotating phasor whichresults in

j2afet
Xp(t) = Xa(Ne (1)

where f. stands for the frequencyshift. Often f, is called the carrier frequency to which a
basebandsignal is up-converted, or from which a band-pass signal is down-converted.
However,in this case f, would haveto be positive. Regarding it as a frequencyshift enables
us to use positive and negative values for f..

The real and imaginary parts of a complex signal are also called the in-phase andthe
quadrature-phase components, respectively.

Digital up- and down-conversionis the digital equivalent of Equation (1). This means that
both the signals and the complex phasorare represented by quantized samples (quantization
issues are not covered in this chapter). Introducing a sampling period 7, that fulfills the
sampling theorem, digital up- and down-conversion can be written as

Xp(KT) = xq(kT)PE (2)

Assuming perfect analog-to-digital or digital-to-analog conversion, respectively,
Equations (1) and (2) are equivalent.

Depending onthe sign off,, up- or down-conversionresults. Thus,it is sufficient to deal
with one of the two. Only digital down-conversion is discussed in the sequel.

It should be noted that real up- and down-conversionis also possible and indeed very
common, i.e. multiplying the signal with a sine or cosine function instead of the complex
exponential of Equations (1) and (2). However, real up- and down-conversionis a special
case of complex up- and down-conversionandis therefore not discussed separatelyin this
chapter.

6.3.2 Theoretical Aspects

In order to understand the task of digital down-conversion, it is useful to consider the
complete signal processing chain of up-conversion in the transmitter, transmission, and
final down-conversion in the receiver. It is assumed that the received signal is down-
converted twice. First the complete receive band is down-converted in the AFE. This is
followed byfiltering. The processed signal is again down-converted in the DFE. This is
sketched in Figure 6.5.

Forthe discussionit is assumedthat there are no distortions due to the channel, however,it

introduces adjacent channel interferers. Thus, the received signal xp,(f) is equal to the
transmitted signal x;,(f) plus adjacent channel interferers a(t): 
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Figure 6.5
a signal (LO standsforlocal oscillator)

Thesignal processing chain of up-conversion, transmission, andfinal down-conversion of 
 
 
 

 

 

Xp (1) = x7, (OD + a(t) 
 

 
 

| = Refrn.pa(e?™"} +a(t) (3)
 

 
;
' l 5 * _j?

== (x1.pn()e7™ + Xtx,pp(De Pai + a(t) (4)  
where x7; gp(t) is the complex basebandsignal to be transmitted. f. denotes the carrier
frequency and x* the conjugate complex of x. From Equation (4) it can be concluded that

) the received signal comprises two components besides the adjacent channel interferers: one
centered at f. and another centered at —f,. The first comprises the signal-of-interest x7, pp(0).
It lies anywhere in the frequency band of bandwidth B which comprises several frequency
divided channels, i.e. the channel-of-interest plus adjacent channel interferers. This bandis
selected by a receive band-passfilter. The arrangement of the channel-of-interest(i.e. the
Signal xp,(t)) in the receive frequencyband is sketched in Figure 6.6.

As mentioned above the analog front end performs down-conversion of the complete
receive frequency band of bandwidthB. Inside this frequencybandlies the signal-of-interest
X7x,.pR(t) which should finally be down-converted to baseband. The following signal is
produced at the output of the analog down-converter when down-converting by f;. For   
reasons of simplicity of the derivation we shall limit f, to f; < fl.

XRx FL) = Xp. (Ne (5)

l oa(f— 7 ~ jaf 4 jm
7 (S2x1xpa(e?™ 1" + xtypp(Der m) + agy(err (6)

Where ag,(¢) denotes all adjacent channel interferers inside the receive bandwidth B. The
Interesting signal componentis centered at the intermediate frequency(IF)  
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adjacent channel interferers
channel-of-interestsignallevel  

   gg Nl e+ B~ te te Tr
__—_—_’

bandwidth B

—fe frequency

Figure 6.6 Position of the channel-of-interest in the receive frequency band of bandwidth B

fie = fe -fi (7)

It is enclosed by several adjacent channel interferers. A second signal component lies 2f,
apart fromthe first (sketched in Figure 6.7).

Thelatter is of no interest; moreover, it can cause aliasing in the analog-to-digital conver-
sion process. Therefore it is removed by low-pass(or band-pass) filtering. Thus, the digitized
signal is:

Xgigur(AT) = Xr, pp(kT)eT + Agig(kT) (8)
I

3%

where dyj.(k7) stands for the remaining adjacent channels after down-conversion, anti-alias-
ing filtering, anddigitization. T is the sampling period that must be small enoughtofulfill the
sampling theorem. In general the digital IF signal is a complex signal; the interesting signal
componentis centered atfp.

The objective of digital down-conversionis to shift this interesting component fromthe
carrier frequency fj; down to baseband. Byinspection of Equation (8) it can be foundthat
down-conversioncan be achieved by multiplying the receivedsignal with a respective expo-
nential function:

 
 
 

channel-of-interest

fie =fe —fi
Neen,ene!

bandwidth B

signallevel
 

frequency   

  
 

 

(fet fi)

 
Figure 6.7 Position of the channel-of-interest at IF
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Figure 6.8 Channel-of-interest at baseband (result of low-pass filtering of the signal of Figure 6.7
followed bydigital down-conversion)

 
 

  
  

   

  
Xgig,BB(AT) = Xaigar(kKT)e = (9)

 
 = = xrpp(kT) + agig(kT)ePO (10)

This yields a sampledversion ofthe transmitted signal x7,g_(t) scaled with a factor1/2. It is
sketched in Figure 6.8. The adjacent channel interferers can be removed witha channelization
filter (see Section 6.4).

It should be noted thatin reality the oscillators of transmitter and receiverare not synchro-
nized. Therefore, down-conversion in the receiver yields a signal with phase offset and
frequency offset that must be corrected. The aim of the derivation in this section was to
showwhat happenswiththesignal in principle in the individual processing stages and not to
discussall possible imperfections.

6.3.3 Implementation Aspects

In practical applications it is necessaryto treat the real- and imaginary part of a complex
Signal separately as twoindividual real signals. Thus, the signal after analog down-conver-
sion comprises the following two components:

Refxprxi(} = Refre(Her™}

| = Xp,(t) cos(2 71) (1)

Sinfxgx(O} = Smifx(HEP

= —Xp,() sin(27f;t) (12)

It can be concludedthat analog down-conversion can be implemented by means of multi-
Plying the received real signal by a cosine signal and asine signal. The real part of the

| Complex IF signal (also called the in-phase component) is obtained by multiplying the
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received signal with a cosine signal; the imaginarypart of the complex IF signal (alsocalled
the quadrature-phase component) is obtained by multiplying the received signal with asine
signal.

From Equation(8) it can be concludedthat the input signal to the digital down-converter is
in principle a complex signal. Hence, the digital down-conversion described by Equation (9)
requires a complex multiplication. Since the complex signals are only available in the formof
their real and imaginary parts, the complex multiplication of the digital down-conversion
requires fourreal multiplications. By separating the real and imaginaryparts of Equation(9),
we have

=©eOAee
Re}xsig nw (kT) = Refxaigar(kT)t cos(2 afipkT)

+Smfx4igir(kT)} sin(27Hiek7) (13) citnNEO
Smifxuie.nn KT} = Smfx4ig.1r(kT) cos(27fipkT)

—Refxsigar(kT) sin(2 7fipkT) (14) otaio
This can be regardedas a direct implementation of digital down-conversion.It is sketchedin
Figure 6.9.

There are twospecial cases:

  1. Whenthe signal Xj.17(A7) is real, it is SmifsigKT) = 0. Hence, digital down-conver-
sion can be realized by meansoftworeal multiplications in this case.

2. Whenapplying the aboveresults to up-conversion, it is often sufficientto keep the real part

-® € -
Hef Xgig,an(kT)}

  
 

  
 

 
 

  Ref Xgig (KT) } 
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cos(2tfi¢kT )

 
 sin(2tfiekT ) 

 
 
 

 
  if tageT)} _

Im{ xsig.an(kT)} 
  Figure 6.9 Direct realization of digital down-conversion
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ofthe up-convertedsignal. Thus, only Equation (13) must be solvedresulting in an effort
of tworeal multiplications and one addition per signal sample.

The samplesof the discrete-time cosine andsine functions in Figure 6.9 are usually stored
in a look-up table. The ROMtable can simply be addressed bythe output signal of an
overflowing phase accumulatorrepresenting the linearly rising argument (277fjpkT) of the
cosine andsine functions. Requiring a resolution of n bits, the look-up table has a size of
approximately 2” X n bits which together with the four general purpose multipliers results in
large chip area, high power consumption, andconsiderable costs [18].

The large look-up table can be avoided by generating the samplesofthe digital sine and
cosine functions with aninfinite length impulse response (IIR) oscillator. It is an IIR filter
with a transfer function that has a complex or conjugate complex pole onthe unit circle [5].
Another wayto generate the sine and cosine samples without the need for a large look-up
table is the CORDIC algorithm (CORDICstands for COordinate Rotation Digital Computer).
The great advantage of the CORDIC algorithmis that it not only substitutes the large look-up
table but also the required four multipliers. This is possible since the CORDIC algorithm can
be used to performarotation of the complex phase of a complex number. Interpreting the
samples ofthe complex signal xgj. ;7(K7) as these complex numbers, androtating the phase of
these samples according to (27fjpkT), the CORDICalgorithmdirectly performs the digital
up- or down-conversion without the need for explicit multipliers.

 

6.3.4 The CORDICAlgorithm

The CORDICalgorithm was developed by Volder [25] in 1959 for converting between
cartesian and polar coordinates. It is an iterative algorithm that solely requires shift, add,
andsubtract operations. In the circular rotation mode, the CORDIC calculates the cartesian
coordinates of a vector whichis rotated byanarbitrary angle.

Torotate the vector

Yo = el? (15)

by an angle Ad, vg is multiplied by the corresponding complex rotating phasor

Y= vore’ ; (16)

The real and imaginaryparts of v are calculated individually:

Ref{v} = Ref{vp} cos(Ad) — Im{yvo} sin(Ad) (17)

Sm{v} = Im{vo} cos(Ad) + Ref{vo} sin(Ad) (18)

Rearranging yields

Refv} es 1 3sonal = Ref{vo}— Imf{vp}tan(Ad); |Ad| ~ 15 75 mf (19)
Sinfv} ~ 1 3
ee Im{vo} + Ref{vo}tan(Ad); |Ad] ~ 7 aT (20)
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Note that onlythe tangent of the angle Ad must be knowntoachievethe desiredrotation. The
rotated vectoris scaled bythe factor 1/cos(A¢).

For manyapplicationsit is too costly to realize the two multiplications of Equations (19)
and(20). The idea of the CORDIC algorithmis to performthe desired rotation by meansof
elementaryrotations ofdecreasing size, thus iteratively approaching the exact rotation by Ad.
By choosing the elementary rotation angles as tan(Ad;) = +1/2', the multiplications of
Equations (19) and (20) can be replaced bysimple shift operations.

Ad; = + arctan(2~); i=0,1,2,... (21)
Consequently, in order to rotate a vector vg by an angle Ad = zg with |Ad| < 7/2, the
CORDIC algorithm performs a sequence of successively decreasing elementaryrotations
with the basic rotation angles Ad; = + arctan(2) for i = 0,1,...,2— 1. The limitation of
Adis necessary to ensure uniquenessofthe elementaryrotation angles. Finally, the iterative
process yields the cartesian coordinates ofthe rotated vectorv, * v. The resulting iterative
process canbe described bythe following equations for i = 0, 1,...,n — 1:

Xj4) =X; —d,y;2" (22)

Yi+l = Yi + djx;2" (23)

Za) = z —d; arctan(2~) (24)
where

Xo = Refvo} (25)

= Im{vo} 
 Ref{v, } 
 ~~ Sm{v} 
 
 

 Thefigure

dium —-1 if z <0 (29)+1 otherwise  defines the direction of each elementaryrotation. After n iterations the CORDIC iteration
results in  

  
 
  
 
 

Xn An[Xp COS(Z9) — Yo Sin(Z)] = RefA, Vo eo (30)

Yn * A,[yo cos(Zo) + Xo sin(zo)] = Sma, Vo eo (31)

   
 =0 (32)<n  

 
where
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i=0

is the CORDIC scaling factor which depends onthe total numberofiterations. Hence, the
result of the CORDIC iteration is a scaled version ofthe rotated vector.

In order to overcomethe restriction regarding |A@| aninitial rotation by +7/2 can be
performedif necessary before starting the CORDIC iterations. For details see [15,25].

6.3.5 Digital Down-Conversion with the CORDICAlgorithm

A, = [vito (33)

|

Interpreting each complex sample ofthe signal Xyig;p(KT) of Equation (8) as a complex
numbervp, and the angle A@(k) = —27fipkT as zp, the CORDIC canbe used to continuously| rotate thecomplex phase of the signal x4;.;-(kT), thus performing digital down-conversion.
Since the CORDICis aniterative algorithm, it is necessary to implement eachofthe itera-
tions byits own hardwarestageif high-speed applications are the objective. In such pipelined
architectures the invariant elementaryrotation angles arctan(2™') of Equation (24) can be
hard-wired. The overall hardware effort of such an implementation of the CORDIC algorithm
is approximatelythat of three multipliers with the respective word length. Hence one multi-
plier and the ROMlook-up table of the conventional approach for down-conversion of
Figure 6.9 can be saved with a CORDICrealization. The principle ofdigital down-conversion
using the CORDIC algorithmis sketchedin Figure 6.10.

Forfurther details on digital down-conversion with the CORDICthe readeris referred to
[18] where quantization error bounds andsimulationresults are given. 
 
 = An- Re {X4ig.an (kT) } 

   = Aq: Im {Xgig.n8 (KT) }

Ao(k) = —2nfiekT

Figure 6.10 Principle of digital down-conversion using the CORDICalgorithm

6.3.6 Digital Down-Conversion by Subsampling

Thestarting point is Equation(8):
acess

Xaig,FAT) = = Xtx,pp(kTeo + dgig(kT)
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signallevel
 

+ + >+

3 M -I M1 frequencyMT MT MT TSin+7,
fir = aT

Figure 6.11 Digitallyfiltered IF signal (filter bandwidth equals channel bandwidth)

It is assumed that f; has been chosenso that the channel-of-interest is located at a fixed
intermediate frequency/jp. The channel can be separated fromall adjacent channels by means
of complex band-passfiltering (see Section 6.4.2) at this frequency. Since the bandwidth of
this band-passfilter must be variable in software radio applications, it can be a digital filter
that processesthe signal directly after digitization. Hence,it delivers the signal

1 et on

Xdig-fit,FAT) = = Xt.pp(kTei (34)

that is sketched in Figure 6.11. At this stage it is assumed that the following relation holds:

ft ens 1,2,....M—1 (357=—-——, n= 1,24,...,5M@— fo Je
we MOT

i.e. the intermediate frequencyis an integer multiple of a certain fraction of the sample rate.
This caneasily be achievedsincethe IF is fixed in most practically relevant systems.Asto the
sample rate, the advantage of having afixed rate has been discussedin Section 6.2.1. Thus,
the ratio of Equation (35) is a parameterthat canbe specified once in the system designphase.
Substituting Equation (35) in Equation (34) yields

. l ary i274 n/M)k
Xaig-fil, FAT) = 5 Xtx,pp (kT Je! (36)

Decimating (i.e. subsampling) the signal xXgjo-f.4¢(KT) by M eventually leads to
l >

Xaig-tiltrF(AMT) = > Xry,pp(KMT)ek (37)

l

2 Xt;pR(KMT) (38)

whichis equivalent to the transmitted basebandsignal scaled by 1/2 and with sampling period
MT,supposing that the sampling period MTis short enoughtorepresent the signal, i.e. to
fulfill the sampling theorem (see Figure 6.12). A structure for down-conversion by subsam-
pling is sketchedin Figure 6.13.

This process of digital down-conversionis called harmonic subsampling or integer-band
decimation [1]. The equivalent for up-conversionis called integer-bandinterpolation. It is
based on up-sampling (see Section 6.5) followed by band-passfiltering [1].

42

 
 
 

 



43

 
 

 The Digital Front End — Bridge Between RF andBasebandProcessing 

signallevel
  & >

M-1 1 frequencyToo 2 3 MMT MT MT MT MT—

Figure 6.12 Result of subsampling the signal of Figure 6.11

M| >

XgigiF (AT) Xgig-tit,1F (AT) $X1;,a(KMT)

Figure 6.13 Principal structure for integer-band decimation (digital down-conversion by subsam-
pling)

Both methods, integer-band decimation andinterpolation are pure sampling processes and
thus, do not require any operation. Still, they do require band-passfiltering, before down-
sampling in the case of down-conversion, and after up-sampling in the case of up-conversion,
respectively. It is the functionality of channel filtering that must be properly combinedwith
up- or down-samplingin orderto have the up- or down-conversioneffect. This is discussedin
detail in Section 6.5.

6.4 Channel Filtering

6.4.1 Low-PassFiltering after Digital Down-Conversion

6.4.1.1 Direct Approach

Figure 6.8 shows the principal channel arrangement in the frequency domainafter digital
down-conversion of the channel-of-interest to baseband. This is simplythe result ofshifting
the right-handside of Figure 6.7.

Besides the channel-of-interest there are many adjacent channels inside the receive
frequency band of bandwidth B that have been down-converted. In orderto select the chan-
nel-of-interest these adjacent channels must be removedwithafilter. Since the channel-of-
interest has been down-convertedto baseband, a low-passfilter is an appropriate choice.

Infinite length impulse response (IIR) filters are generally avoided due to the nonlinear
phase characteristics whichdistort the signal. Of course there are cases, especiallyif the pass-
band is very narrow, where the phasecharacteristics in the pass-bandofthefilter can be well
controlled. Still, IIR filters with very narrowpass-bandtend to suffer more fromstability
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problems than those with a wider pass-band. Onthe other handIIR filters have very short
groupdelay. For that reason they might be advantageousin certain applications.

The problemsofIIR filters can be avoided whenusing linearphasefilters withfinite length
impulse response (FIR). Their great drawbackis the generally highorderthat is necessaryto
implement certainfilter characteristics comparedtothe orderof an IIRfilter with equivalent
performance. Fordetails on digital filter design the readeris referred to the great amount of
literature available inthis field.

In order to get someideaofthe effort for direct implementation of channel filtering, it is
instructive to learn that for many types ofFIR filters (including equiripple FIR filters, FIR
filters based on windowdesigns, and ChebychevFIR filters) the numberof coefficients K can
be related to the transition bandwidth Afofthe filter and the sample rate fg at whichit

operates. This proportionalityis [1]

K~=; Af<f (39)

The transition bandwidth Afis the difference between the cut-off frequency and the lower
edge of the stop band. It can be expressedas a certain fraction of the channel bandwidth.
Thus,it is obvious that the transition bandwidth gets very small comparedto the sample rate
fs if there is a large number ofadjacent channels, i.e. the channel bandwidthitself is very
small comparedtofs.

Besides the numberofcoefficients anotherfigure increases with a large numberofadjacent
channel interferers: the dynamic range of the signal (see Section 6.1.2). In the case of wide-
bandreception of a GSM signal the dynamic range ofthe signal can easily reach 80 dBand
more. In ordertosufficiently attenuate all adjacent channels ofsuchasignal, the processing
wordlength ofthe digital filter must be relatively high. A large numberofcoefficients, a high
coefficient and processing word length, and a highclockrate are indicators for high effort and
costs that are required if the channel filtering functionalityis directly implemented by means
of a conventional FIR filter.

Asthe bandwidthofthe digital signal is reduced byfiltering there is no reasonto keepthe
high sample rate that was necessarybefore filtering. As long as the sampling theoremis
obeyed, the sample rate can be reduced. This results in lower processing rates andthus, lower
effort. Therefore, the high sample rate is usually reduced downtothe bit, chip or symbolrate
ofthe signal afterfiltering (or a small integer multiple ofit). Knowing about the sample rate
reduction after the filtering, it is possible to reduce the filtering effort considerably by
combining filtering and sample rate reduction. This approachis called multirate filtering.

6.4.1.2 Multirate Filtering 

  
  
  

  

 
The direct approach of implementing the channel filter is a low-pass filter (followed bya
down-sampler). The down-samplerreduces the sample rate according to the bandwidth of the
filtered signal. This is described in the previous section.

For the following discussion it is useful to regard the combination of the filter and the
down-sampleras a systemfor sample rate reduction(see also Section 6.5). Down-sampling is
a process of sampling. Therefore, it causes aliasing that can be avoidedif the signal is
sufficiently band-limited before down-sampling. This band limitation is achieved with

44



45

 
The Digital Front End — Bridge Between RF and BasebandProcessing

anti-aliasing filtering. The low-pass filter preceding the down-sampling process, i.e. the
channel filter, acts as an anti-aliasing filter.

Thus, the task ofthe anti-aliasing filter is to suppress potential aliasing components, i.e.
signal components which would cause distortion when down-sampling the signal. At this
point in the discussion, it is important to note that only the channel-of-interest must not be
distorted. But there is no reason whythe adjacent channels shouldnot be distorted. They are
of nointerest. Hence, anti-aliasing is only necessary in a possibly small frequency band. In
order to understandthe effect ofthis anti-aliasing propertyit is useful to introduce the over-
sampling ratio (OSR) ofasignal, i.e. the ratio between the samplerate fg ofthe signal, andthe
bandwidth b ofthe signal-of-interest (i.e. the region to be kept free fromaliasing).

fsOSR == (40)
b

FromFigure 6.14 it becomesclearthat there are norestrictions as to howthe frequenciesare
occupied outside the spectrum ofthe signal-of-interest (e.g. by adjacent channels). This
reflects a general view on oversampling.

signal-of-interest
(bandwidth to be keptfree from aliasing)gnallevel other channels or

non-interesting signal components
spectral repetitions
around fs

At 
 
 
 

 

frequency  _4
fs= ¥

b

Figure 6.14 Illustrating the oversampling ratio (OSR) ofasignal

The relative bandwidth (comparedto the sample rate) of potential aliasing components
(that must be attenuated bythe anti-aliasing filter) depends on the OSR after sample rate
reduction. The higher the OSR is,the smaller the pass-bandandthe stop-bandscanbeforthis
filter. Hence, it can be concludedthat a high OSR (after sample rate reduction) allows a wide
transition band Afofthefilter and therefore leads to a smaller numberofcoefficients (see
Equation (39).

Furtherdetails on sample rate reduction as a special type of sample rate conversion are
discussed in Section 6.5. The possible savings of multirate filtering are illustrated with the
following example.
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Se a

stage 1 stage 4

 

  

           

Figure 6.15 Structure of a multirate filter

Example6.4.1

Assuming a sample rate off; = 100 MSps, a channel bandwidth of b = 200 kHz,atransition
bandwidth of Af = 40 kHz, andafilter-type specific proportionality factor C, the numberof
coefficients of a direct implementation is, with Equation (39),

fs _ 100 MHz
= C—=CK . . — =

Cece AF 40 kHz

= C X 2500

Further, assuming decimation by 256, only every 256th sample at the outputofthe filter needs
to be calculated. This results in a multiplication rate (in millions of multiplications per
second, Mmps) of

direct 725meW(Keéirect) = K = C X 980 Mmps

Nowamultirate filter with four stages should be applied instead, each stage decimating the
signal byafactor of 4. After these fourfilters and down-samplers,afifth filter does the final
filtering (see Figure 6.15). In this case the transition bandof thefirst four filters is equal to the
difference of the sample rate after decimation minus the bandwidth of the channel. This
ensures that potential aliasing componentsare sufficiently attenuated. Onlyinthe fifthfilter
is the transition bandwidth set to 40 kHz. The samefilter type as in the previous case is
assumed, hence the samefactorC.

Kyuttir: ate =5 K;i=!

4 100 MHz 100 MHz
= C 4° 4|> am100 MHz — 200 kHz * 40rii=l

 

= CX 30.7

Eachofthefilter stages runs at the lower sampling rate. Thus, the resulting multiplication rate
is

 Y viK) = ¥KK + Ks 75fs
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A,fs fs fs fs fs )= Cl 428441224462 +825 +984( gt hg Teg TO aag * 568
  

= CX 141 Mmps

There is a saving in terms of multiplications per second of a factor 7, while the hardware
effort can be reducedbyafactorof 81 in the case of multirate filtering. It shouldbe stressed
that this is an example. Thefigures can vary considerablyin different applications. However,
despite being veryspecial, this example shows the potential of savings that multiratefiltering
offers.

Evenmoresavingsare possible by employingdifferent filter types for the separate stages in
a multirate filter. The above mentionedfactorCis a proportionality factor that wasselected
for the direct implementation, e.g. a conventional FIRfilter. In the case of multiratefilteringit
has beenseenthatin the first few stages the OSRis veryhigh. This results in relatively large
transition bands. In other words, the stop bands are very narrow. Hence, combfilters suffi-
ciently attenuate these narrowstop-bands. A well-knownclass of combfilters are cascaded
integrator combfilters (CIC filters) [14]. These filters implement the transfer function

M-l R — _—M\R
H(z) = >i —i=0 7

without the need for multipliers. M is the sample rate reduction factorandRis called the order
ofthe CIC filter. Onyadders, subtractors, andregisters are needed. Hogenauer[14] states that
thesefilters generally performsufficiently for decimating downtofourtimes the Nyquistrate.
Employing thesefilters in the first three stages of the above example yields K, = K = K3 =
0 (i.e. no multiplications required) which wouldresult in a multiplication rate of as lowas
C X7 Mmps.This is a considerable saving compared to the direct implementationofa low-
pass filter followed by 256 times down-sampling.

A greatadvantage ofCICfilters is that they can be adaptedtodifferent rate change factors
by simply choosing M. There is no needto calculate newcoefficients or to change the
underlying hardware. Thus, they are a very flexible solution for software defined radio
transceivers. However, as mentioned the OSR after decimation should be at least 4. Thus

the necessary remaining channel-filtering (and possibly matchedfiltering) can be achieved
with a cascade oftwohalf-bandfilters, each followed by decimation by2. Half-bandfilters
are optimizedfilters (often conventional FIR filters) for decimation by2. The half-bandfilters
donot needto be tunable. Their output sample rate andthus, the signal bandwidthis always
half ofthat at the input. Hence, by changing the rate-changefactorin the CIC filter preceding
the half-bandfilters, the bandwidth ofthe overall channel filter is tuned. A final ‘cosmetic’

filtering can be appliedto the signal at the lowest sample rate. The respective filter must be
tunable in certain limits, e.g. it must be able to implement root-raised-cosinefilters with
different roll-off factors for matchedfiltering purposes.

For further reading on multirate filtering, the readeris referred totheliterature, e.g. [1].
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6.4.2 Band-PassFiltering before Digital Down-Conversion

6.4.2.1 Complex Band-PassFiltering

Assuming that the channel-of-interest is perfectly selected by the low-pass channel filter with
the discrete-time impulse response hp(kT) (no down-sampling afterfiltering), it can be
written:

Xdig.pp(kT) = hy p((k — )T)xaig BB (iT) (41)i=—0

where Xyie pp (KT) represents the channel-of-interest according to Equation (10):
4 l 7
Saige pp(kT) = 5 X1x,pp (kT) (42)

Substituting Equation (9) into Equation (41) yields
+00

Xuig.pp(kT) = >. hyp(k — iT)Xgigae(iT0 (43)

Extracting the factor e?"*", we have
+co

aig pB(AT) = even > hyp((k — )T) XaiganiT7" (44)

? P =
= oPMTS” hgp((k — iT) XaigariT) (45)

with

oT) — apy 2 tfigkT ;
hpp(kT) = hy p(kT) é (46)

The latter is the impulse response of the low-passfilter frequency shifted by fig. It is a
complex band-pass filter. The digitized IF signal xgjo1p(KT) is filtered with this complex
band-pass filter before it is down-converted to baseband. Hence, the down-conversion
followed by low-passfiltering can equivalently be performed by means of complex band-
pass filtering followed by down-conversion.

Bothsolutions are equivalent in terms oftheir input-output behavior. However,there are
differences with respect to implementationand realization. Since down-conversionis expli-
citly necessary in bothcases, onlythe filtering operations should be compared.

The length of both impulse responses, the band-passfilter’s and the low-passfilter’s, are
the same. However, the impulse response ofthe low-passfilter 1 p(KT) is real. Hence, each
addendofthe sumof Equation(41) is a result of multiplying a complex number (i.e. a sample
of the complex signal x,i.33) with a real number(i.e. a sampleofthe real impulse response
hyp). Consequently, each addend requires two real multiplications, resulting in 2K multi-
plications per output sample if K is the length of the impulse response.

In the case of complex band-passfiltering, Equations (45) and (46) suggest that each
addendis a result of a complex multiplication(i.e. a multiplication of a sample ofthe complex
signal Xie; and the complex impulse response hpp) that is equivalent to four real multi-
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plications. Hence, the resulting multiplication rate is 4K multiplications per output sample
whichis twice the rate required for low-passfiltering after down-conversion.

Since there are no advantages of complex band-pass filtering over real low-passfiltering,
the highereffort disqualifies complex band-passfiltering as anefficient solution to channe-
lization,at least if it is implementedas describedin this section. However, complex band-pass
filtering plays an importantrole in filter bank channelizers (Section 6.4.3).

However, there are certain cases where the multiplication rate of a complex band-passfilter
can be halved.This is the case forinstance if the IF in Equation (46) is fig = 1/(47) = fe/4. In
this case the exponential function becomes the simple sequence  {e' mi2)ky
{1,j,-1,-j, 1,j,-1,—j,...} whose samples are either real or imaginary. Thus, two ofthe
four real multiplications required for each addend in Equation (45) are dropped. Even the
following digital down-conversion can be simplified when applying harmonic subsampling
by a multiple of4 (see Section 6.3.6), provided that the sampling theoremis obeyed. This is
sketchedin Figure 6.16.

Re { xaig ie(kT)}

  

Re{ Fig ne(k4MT) }
 

|| 4M |-——————e

Bt | 4M}
    

Jm{ Sign(k4MT)}
Sco   

  
Im{ xsig (kT)}

Figure 6.16 Channelization by simplified complex band-pass filtering at fig = fs/4 followed by
harmonic subsampling by 4M,M€ {1,2,...} (the coefficients c; are identical to those ofthe equivalent
16-tap FIR low-pass filter that follows the digital down-converter in a conventional system; see
Section 6.4.1)

Withthe assumptionthat fjp = f¢/4 the multiplication rate of low-passfiltering afterdigital
down-conversioncanalsobe halved. In this case digital down-conversioncanbe realized by
multiplying the signal with the sequence {e“”"*} = {1,-j,-1,j, 1,—j, -1,j, }. Theresult is a
complex signal whose samples are mutually pure imaginaryorreal enabling the multiplica-
tion rate to be halved.

It should be noted that due tothe fixed ratio between IF and sample rate, the channel-of-
interest must be shifted to IF by proper analog down-conversion in the AFEpriortodigital
down-conversion and channel filtering.
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6.4.2.2 Real Band-PassFiltering 1

The question is, can the numberofnecessary multiplications be reduced when employing real ]
instead of complex band-passfiltering? The impulse responseofareal band-passfilter can be
obtainedbytaking the real part of Equation (46): I

7 )

hgp(kT) = Ref{hgp(kT)} (47) {

= Refyp(kT) Patel} (48)
= hyp(kT) cos(277fipkT) (49) !

(

aa j2apipkT —j27f\pkT {= Iyp(kT) =(e?7%0kT + @ Patek?) (50) {
Filtering the signal xgj.j- with this real band-passfilter yields ;

~ TT — 7 “\or * c ¢
Xdig¢(KT) = > hgp((k — i)T) Xaig ae (GT) (51) d

=—00 t

ny LZ mek Ke _ pi pestikel
= ¥ hp((k-d7)5 (Pe OT 4. etek 7) xaigar(iT) (52)

‘ . : . \

Equivalent to Equation (45), the filtered signal is eventually down-converted to baseband: t
x oT) = pl2thirkTx y
Xaig pp(AT) = € 7° Keio e(KT) (53)

The complex exponential function of Equation (53) can be combined with the complex
exponentials which Xj... Comprises.

+00

| er ahae’Xaig,pp(kT) = 5 > hyp((k — i)T)(Xsig.ae(iT) € Patel 4. xsigpi)€OK a (4)j=—0o

 
 Applying Equation (9) to the first term and using Equation (41), we can write

1, _— 2 da
Xaig. pp(KT) = 5 Xaig. pp (kT) + > es > hyp((k — iT) Xgig.pi) " (55)i=-0o

and moreover with Equation (42),
+00

Xuig.pp (kT) = zinpn(kT) 7 + gia > hy p((k — i)T) Xig(iT)? (56)1=-00

Thus, the signal obtained fromreal band-pass filtering and down-conversionis a sum of two
components. The first is a scaled version ofthe transmitted signal, i.e. the signal-of-interest,
while the secondtermis obviously the result ofthe following operations: the wide-bandIF-
signal Xgio1p is shifted in frequency and low-passfiltered; the resulting low-pass signal is
finally shifted in frequency by —2fj. It is a narrow-bandsignal centered at —2fjp with a
bandwidth equal to the pass-band width of the employedfilter. Thus, it does not distort the
signal-of-interest at baseband. However,for furthersignal processing it might be necessaryto
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The Digital Front End — Bridge Between RF and BasebandProcessing 175

removethis ‘high-frequency’ componentofXgig.33- This can be achieved with another low-
passfilter.

It can be concluded that the multiplication rate of complex band-passfiltering can be
halved by means ofusing real band-pass filtering. In order to achieve similar results as
with complex band-passfiltering, real band-pass filtering and down-conversion must be
followed by a low-passfiltering step. This increases the multiplicationrate again.

6.4.2.3 Multirate BandpassFiltering

Multirate filtering yields savings in hardware effort and multiplication rate comparedtothe
direct implementation of low-passfilters. These savings are also possible with band-pass
filters. In the case of complex band-passfiltering the samerestrictions as in the low-pass
filtering case apply, namelythe sampling theorem: the sample rate mustbe at least as high as
the (two-sided) bandwidthofthe signal.

In the case ofreal band-passfiltering the band-passfiltered signal comprises anothersignal
component besides the channel-of-interest. Therefore the band-pass sampling theorem
applies, which states that the sample rate mustbeat least twice as high as the (one-sided)
bandwidth B of the signal. Moreover, the following relation must hold:

Mfs + B <pe< (M + l)fs-—B
2 ® 2

(57)

where Mis an integer number, fg is the sample rate, f. is the center frequency of the signal
band of bandwidth B. Obeying the aboverelation ensuresthat the sample rate reduction does
not cause anyoverlap(aliasing) between the twosignal components of Xgie 1F-

Multirate band-passfiltering results in similar savings as illustrated in Example 6.4.1 (see
also [1]). However, complex band-filtering requires twice the multiplication rate of the
equivalent low-passfilter. A reductionofthis rate as suggested above dependsontherelation
betweenfir, fs, and the decimation factors of the multirate filter. Similar dependencies must
be obeyed whenusing real multirate band-passfilters as Equation (57) suggests. Due to these
restrictions, multirate bandpassfiltering is generally not the first choice for channelization in
software defined radio transceivers.

6.4.3 Filterbank Channelizers

6.4.3.1 Channelization in Base Stations

In base stationsit is necessary to process more than one channel simultaneously. Basically,
there are twosolutions toachievethis. Thefirst is simply to have N one-channel channelizers
in parallel (if N is the number of channels to be dealt with in parallel). This approachis
sometimesreferred toas the ‘per-channel approach’. In contrast tothis thereis the filter bank
approachthat is based on the idea of having one commonchannelizerforall channels.

The per-channel approachlooks simplistic and rather brute force. Still it offers some very
important advantages:

® the channels are completely independentand cantherefore support signals with different
bandwidth

® a practical systemis easily scalable by simply adding or removing a channel

51

 



52

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 

 

176 Software Defined Radio: Enabling Technologies 

e a failure of one channel does not affect the others.

Thefirst bullet might not appear to be an obvious advantage overthe filter bank approach.
However, this will become clear in the sequel to this section when feasible filter bank
structures are discussed. Filter banks are comprehensively coveredin the literature. Three
important booksare [1,4,23]. The most typical applications are signal analysis and sub-band
coding. A special type of filter bank, namelythe transmultiplexer, has been widelyapplied in
communications systems. A most recent application of the transmultiplexer is orthogonal
frequencydivision multiplex (OFDM) whichis used in digital broadcasting systems. Several
(possibly independent) data signals are mappedontoparallel frequencydividedcarriers. In an
OFDMreceiverthese frequency divided channels are separated and converted to baseband
which eventually yields the originally sent data channels. This task is very similar to the
functionality of a channelizer. Therefore an attempt has been madetoapplythe filter bank
approachto channelizationinbase stations [26]. In the following, the basic ideasoffilter bank
channelizers are presented.

6.4.3.2 Filter banks

A filter bank is simplya parallel arrangement of filters that usually provide at their outputs
different parts of the spectrum ofthe signal. This is sketched in Figure 6.17. It looks very
similar to the per-channel-approach. In the following onlydigital filter banks are considered,
i.e. filter banks with digital filters.

Afilter bank is called a modulatedfilter bank if the transfer functionsofall involvedfilters

 
 

Figure 6.17 Thebasic principleofafilter bank (H,)(f) are frequency characteristics of independent
individual filters)
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canbe derived by modulating one prototypetransfer function. The modulationcanbe, e.g. the
discrete Fourier transform (DFT), or the cosine transform. If, moreover, the center frequen-
ciesf, of the K filters are evenlydistributed overthe available frequencyband [0,f;) where fg
is the samplerate, e.g.

k
k=shs, k=0,1,..., K-1 58Sk KIS (58)

the filter bank is called a uniformfilter bank. The channel stacking arrangement of
Equation (58) is called an even channel stacking (fo = 0).

Whatis the reason to build a uniformfilter bank? If the overall cost (hardware, multi-

plication rate) for implementing the prototype filter and the modulation is less comparedto
the parallel arrangement of K independent filters, there is a good reason to employfilter
banks.

In order to derive the uniform DFTfilter bank it is useful to remember the polyphase
decomposition ofa transfer function ofafilter [4]. It is

N-1

H(z) =>HY) (59)A=0

with the N polyphase components

HV) =H,(2%) = 2" Dhan + TZ (60)n=—00

The H)(z) are the time-shifted and down-sampled polyphase components. Different types of
the polyphase decomposition are named in the literature [4,21]. The one given above is
commonlycalled the Type-/ polyphase decomposition.

Defining a vector comprising all N time-shifted and down-sampled polyphase components,

H(z) :=[Ho(2) A(z)Ay)" (61)

and another vector comprising all of the N modulated transfer functions of the filter H(z)

H™|(z) := [ He H(z-wx') zee H(z-wy?) I (62)
with

why = eatin) (63)
we canwrite

H™ (2) = Wy-A (2)H(z") (64)
where Wyis the transjugate of the DFT matrix

| JI (N-1)Wy Wy N
| we wt we yD

Wy = - . a (65)

(N-1) 2(N-1)
1 Wy Wy 
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and

1 0 O 0

0 z 0 0

Azy=|0 0 2 0 (66)

660.

Thus,all subfilters of a uniform DFTfilter bank canbe built fromthe time-shifted and down-

sampled polyphase components of oneprototypefilter. Usuallyit is a low-passfilter, e.g. the
filter with frequencycharacteristics Ho)(f) of Figure 6.17. In orderto derive astructure from
the above equations, the factors of Equation (64) are rearranged:

Ho(2") 0 ve 0 |
0 Aj’) 0 1

HM) = WEAN] ' (67)

0 0 - Hy—1e%) jb!

N

Hi") OO 0 io
| 0. AY) 0

=Wrl . (68)
: = : ; _-(N-1)
0 0 -- Hy—I(e%)}>°

Instead of implementing the individual subfilters directly, i.e. the elements of H™)(z), the
filter bank can be realized by implementing Equation (68). Since the signal bandwidthatthe
output of each of the N subfilters is reduced by the factor N, the sample rate can also be
reduced bythe factor N(ifthe filters provide enoughaliasing attenuation). This decimation
also converts the individual bandpass signals to baseband(see Section 6.3.6). The resulting
structure is called a maximally decimatedfilter bank.It is sketched in Figure 6.18 where the
decimation has been movedtothe input ofthe polyphasefilters thereby removing the power
ofNthatis present in Equation (68). The structure of Figure 6.18 is what is often understood
bythe notion filter bank.

Implementing the DFTbyafast Fourier transform (FFT) results in comparably loweffort.
N must be a poweroftwo. In manypractical cases, it is sufficient to select only a small
numberofchannels (e.g. <10). In case Nis largeit is notefficient to calculate the outputofall
N channelsif onlya feware required. In this case the Goerzel algorithm[20] is more efficient
than the FFT. The Goerzel algorithmis an algorithm that computes only one point of an N-
point DFT.It is basically a one-pole IIR filter with its pole placedonthe unit circle at emi
where f; is the point of the DFT to be calculated. Depending on the implementation of the
filter the algorithm requires approximately N multiplications. If M points should be calcu-
lated the numberof required multiplications is approximately MN. Comparingthis to the
typically assumed Nlog, Nmultiplications of an N-point FFT, gives the numberofpoints M
for which the Goerzel algorithm is computationally moreefficient than the FFT. This is
M < log) N.
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 Figure 6.18 A maximally decimated uniform DFTfilter bank (H;(z) are transfer functions of the
polyphase components of H(z))

Since the described filter bank analyses the signal, it is called an analysis filter bank. Its
counterpart is the synthesis filter bank that takes N narrowband signals at its input and
synthesizes a wide-bandsignal at its output.

6.4.3.3 The Filter Bank as a Channelizer

Bysetting N = K thefilter bank can be used for channelization. What are the characteristics
ofa filter bank channelizer? If a maximally decimatedfilter bank is used, the input sample
rate as well as the input signal bandwidthis divided by K. Hence, the output sample rate and
the input samplerate are related byaninteger factor. The sameholds for the signal bandwidth
at the input and each ofthe K outputs. In order to break the dependency between the
decimation factor and the channel stacking, several methods have been suggested[1,26].
However, some severe drawbacks of (maximally decimated) filter bank channelizers remain
in the context of software radio applications:

® all channels have the same bandwidth (which is a drawback in base stations that should

Support different services simultaneously, e.g. GSM and UMTS)
® the channel stacking depends on the numberofchannels andthe input sample rate
® in the case ofa large numberofchannels, the filter must be a narrow-bandfilter

These three bullets are discussedin the following. Basically, there are two approachesto
Overcomethe first problem: tree-structuredfilter banks can be usedtosplit the input signal
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bandwidth into few channels ofrelatively large bandwidth. These channels can further be i
decomposedbyanotherfilter bank, etc. However, the position of wide-band and narrow-band
channels in termsof their center frequencyis strongly connectedtothe structure ofthefilter
bank (e.g. the numberof channels). Another means to serve different bandwidthsis to use an
analysis filter bank that decomposes the signal into a very large number of narrow-band j
signals. Any group of consecutive narrow-bandsignals can be merged to a signal of wider
bandwidthbya following synthesis filter bank. However, suchananalysis filter bank would
requirefilters with very narrow bandwidthresulting in immenseeffort.

The second bullet cannot be overcome. Hence, the center frequencies ofthe individual
filters are always locatedat integer multiples of a Kth of the input sample rate (except fora

possible frequencyoffset that is equal forall filters). A first choice to meet this problem could |be to adapt the input sample rate. However, the channels-of-interest canbe arbitrarily distrib-
uted in frequency. Therefore the complete wide-band input signal must be regarded as a
signal-of-interest. As will be seen in Section 6.5, sample rate conversionis not feasible for
such very wide-bandsignals. So, howto deal with the fixed channel stacking? Canit be made
a ‘soft’ channel stacking? Notreally, since the discrete channel stacking is a property ofthe
DFT. However, a‘soft’ channel stacking can virtually be achieved witha verylarge K (i.e. a
fine quantization of the frequencyaxis). Althoughthis results in an increased effort for the
DFT,the cost forthefilter does not necessarily rise. The bandwidthofthe prototype filter is
chosen according to the channel bandwidth; by choosing a large K this bandwidth can be
centered at an ‘arbitrary’ position (see Figure 6.19). Obviously, such a filter bank is not a
maximally decimated one.

The lastbullet results from the fact that in software radio receivers a maximal bandwidthis

digitized that might comprise narrow-band channels. Inthe case of for example, a sample rate

of 40 MHz, and a channel bandwidth of 200 kHz, the OSRis 200. Thus, the relative pass-band |width ofa respective channel is 0.005 whichresults in very strong constraints if the adjacent
channels are to be attenuated. Since afilter bank implementation requires all polyphase
componentsofthe filter, the complete impulse response ofthe filter must be implemented

directly. Cascaded multirate systems as suggestedin Section6.4 are not possible. This means |
that in the case of FIR filtering several hundreds or even thousandsoffilter coefficients must
be implemented.

Certainly, the effort ofa filter bank channelizer can compete with the per-channel approach
if the OSR is much lower. However, in software defined base stations narrow-bandsignals

mustalso be processed.

magnitude 
centered at 2x7 |A centered at 2x4}—_ transferfunction
  

Figure 6.19 Virtually arbitrary channel stacking with a large numberoffilter bank channels
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Summarizing, it can be said that filter bank channelizers suffer from manystructure-
dependent restrictions that can only be overcomewithgreat effort. Therefore, it is question-
able iffilter bank channelizers are a goodsolution for channelization in software defined base
stations.  
 

 6.5 Sample Rate Conversion! 
 6.5.1 Resampling after Reconstruction 

  least parameterizable by means ofsoftware. This is difficult in the case of analog signal  | Software defined radio requires as manyfunctionalities as possible to be programmableorat
processing. Therefore it is a first target to implement as manyfunctionalities as possible by  

  the analog/digital interface in Section 6.2. In order to provide signals at symbol- or chip-rate
(i.e. an arbitrary target rate), sample rate conversion (SRC) has beenintroducedas oneofthe
functionalities of the DFE ofa software defined radio transceiver.

| Havingadigital signal at a sample rate f, = 1/7), the brute force approachto providethis
  | meansofdigital signal processing. For that reasonafixed sample rate has been suggestedfor
  signal at another sample rate f; = 1/7) is to reconstruct this signal (i.e. perform digital-to-

analog conversion), and eventually resample this reconstructed signal. This approachis
sketched in Figure 6.20. Althoughnot sensible in practice, resampling after reconstruction
is avery good model that enables the SRC processtobe characterized. Thereforeit is usedhere.

 

  
  

 
 
 

 
 
  | x(kT})

t=kT t=mT>2
Ideal Lowpass

Digital-to-Analog Filter
Converter

| Figure 6.20 Resampling after reconstruction (adapted from [12],© 2000 IEEE)
The analog-to-digital conversion processis assumedtobeideal, i.e. the samples x(k7}) are

Simplytaken as weights for a Dirac-impulse comb withperiod 7):
CO

X(t) =T, >. x(kT,)8(t- kT) (69)k=—00

| Filtering the signal x,(t) with a low-passfilter having the impulse response /,(t) yields
y(t) = | Xq(Th.(t — 7) dr

 
1 — : 5 .

: Material forthis section is adapted from [9].
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= | T, >. x(kT, )8(7 — kTh(t — 7) dtT=—0O k -— 60

co

=; >, x(kT) )he(t — kT)) (70)k=-—0o

Perfect reconstruction, i.e. y(t) = x(t) can be achieved with an ideal low-passfilter with its
cut-offfrequencyat half the samplerate:

h(t) si ( ; ) (71h.(t) = —sinc| —
c 7; 7 )

However, perfect reconstruction is not necessary in most cases as weshall see in the follow-
ing. Finally, the signal y(t) is resampled with period 7>. With h(t) = T,h,(t), the resampled
signal is

 

 

 

  

y(mT>) = > x(kT,) h(mT> — kT;) (72)k=-—0oo
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with

_ mT =| (74Lm = , qT, )
and

 

_— [=| _kT,

|e] denotes the floor operation, i.e. (¢) is rounded to the nearest integer towards minus
infinity. The quantity 2, © [0, 1) reflects the positionofthe currently to be calculated sample
inside the sample period7. It is called the intersampleposition. The timing relations and the
intersample positionare illustrated in Figure 6.26.

Equation (73) can be regardedas adirect digital representation of sample rate conversion.
The impulse response h(t) of the reconstructionfilter is sampled with the period 7, ofthe
input signal, however, with different time offsets j,,7, that depend onthe position ofthe
output sample with respectto the input samples. For each output sample a newset of samples
of the impulse response /A(f) is used. Hence Equation (73) describes a time-varying filtering
operation.
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 In orderto understandthe characteristics of SRC it is useful to turn to Figure 6.20 andto
identify the signal processing steps that fundamentally influence the signal. The first is the
ideal digital-to-analog conversion. As mentionedabove the output ofthe ideal DACprovides
a Dirac-impulse train with period 7, whose impulses are weighted with the samples x(k7;). It
is well knownfromsignal theory that a Dirac-impulse combin the time domain corresponds

 

  
  to a Dirac-impulse train in the frequency domain. This leads to aspectral repetition of the

  signal x(t) (also knownas imaging).
\ The secondfundamentallyinfluencing signal processingstep is the resampling with period

 

  T, which again causes spectral repetition (as every sampling process). If the signal is not

  properly bandlimited, spectral overlap occurs (also knownas aliasing). This overlap cannot
. be removedonceit has occurred. Therefore it must be avoided in advance byrespectively

bandlimiting the signal. This is done withthe filter /,(t). Hence, the filter /,(t) (andthus, A(t))
is the point where the quality of the SRC process can be influenced.

Figure 6.21 showsthe different signals that appear in the signal processing chain of
Figure 6.20. |Y,(f)| is the magnitude spectrum of the sampled version of y(t), i.e. the
resampled signal. Assuming that the sampling period 7, is short enough with respect to
the bandwidthofthe bandlimited signal x(¢), there is noaliasing due tothe first sampling
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Figure 6.21 Spectral interpretation of SRC, given for the case 7; <7 (adapted from [12],
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process andthe digital-to-analog conversionprocess. Thefilter 4,(¢) reconstructs the contin-
uous-time signal and, moreover, performs anti-aliasing filtering. Since the real filters do not
have perfect characteristics, the transition-band causes distortions of the signal, and some

residual parts ofthefirst image remain. Resampling with period T> eventuallycausesaliasing.
However, there is a spectral part of the resampledsignal that is free of distortions. When
designing SRCfor signals comprising several adjacent channel interferers besides the chan-
nel-of-interest, care must be takenthat onlythe latter lies in the distortion-free region ofthe
transfer functionofthe filter.The necessary stop-bandattenuationof the filter depends onthe
powerofthe potential aliasing components (i.e. the power of the adjacent channels, see
Figure 6.3).

Thus, the designofthefilteris the first task to be solved whentackling the problem of SRC.
The main purposeofthis filter is to control aliasing. As statedin [9], anti-aliasing is the most
prominentconstraint to be obeyed by any samplerate conversion system. From Figure 6.21 it
can be concludedthat the smaller the region which shouldbe kept free fromaliasing, the
widerthe transition bandofthe filter attenuating the aliasing components canbe. This enables
the application of combfilters with reducedeffort.

6.5.2 Rational Factor SRC

In manypractical scenariosit is sufficient of consider sampling periods 7, and 7, that can be
expressed as a ratio of two(relatively small) positive integers, i.e. 7,\/T, = L/M. Hence,
Equation (73) can bewritten as

vita) = ¥ x(71(|™™|-n)) ner+ a) 15)n=—00  
In this case, the intersample position y2,, = (mM)(mod L)/L can onlytake Ldistinct values.
This reduces the numberofrelevant sets of samples ofh(t) to L. The intersample position 2,

 
  
 is periodic with period L. Therefore, the filter # can be implementedasaperiodically time-  
 varying filter with period LT).

The well-knownblock diagramofa systemforrational factor SRC [1] can be derived by
introducing the period 7) = 7,/L = T>/M, andthe twosignals v(n7To) and w(nTo). This is
sketchedin Figure 6.22. The signal w(n7) is the result of up-sampling the signal x(kT)) byL.
It is the output signal ofthe L { block that is called an up-sampleror a sample-rate expander.

 

   
  
  
 Up-samplingbyLis realized byinserting L — 1 zeros between twoconsecutive samplesofthe

original signal. The output signal y(m7>) is obtained by down-samplingthe signal v(nT) by
the factor M. This is done bythe M| block whichis called a down-sampleror a sample-rate

 
  
  
 compressor. Down-sampling byMis realized bydeleting all but every Mth sample fromthe  
 signal. 
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 Figure 6.22 Rational factor SRC (adapted from [12], © 2000 IEEE)
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Duetothe possibly very high intermediate sample rate 1/Ty at whichthefilter would have
to be clocked, the structure of Figure 6.22 is not applicable in manyapplications. However,it
is very useful for investigations.

6.5.3 Integer Factor SRC

Integer factor SRC can be derived fromrational factor SRC bysimplysetting L or Mto1.
Since this is a special case ofrational factor SRC, all considerations made with respect to
rational factor SRC canbe applieddirectly to integer factor SRC.

Increasing the sample rate by an integer factor (L > 1, M = 1) yields nonoverlapping
spectral images. Thereis noaliasing. The filter is a pure anti-imaging filter. It is also called
an interpolationfilter which — together with the up-sampler — forms aninterpolator, i.e. a
systemfor integer factor sample rate increase.

Sample rate reduction by Mcanbe achievedbysetting L = 1. Depending onthe bandwidth
ofthe signal before SRCthe images resulting from resampling might overlap which means
that aliasing occurs. Aliasing can be reducedbyproperanti-aliasing filtering. The combina-
tion of the anti-aliasing filter and the down-sampler is called a decimator.

It should be noted that the necessaryfiltering that goes with a decimation removes
adjacent channel interferers. Thus, SRC and channel filtering can be performed with the
samefilters.

6.5.4 Concepts for SRC

As mentionedaboveit is sufficient to performrational factor SRC in mostpractical cases (an
exception to this is when two asynchronousdigital systems are interfaced [1]). Therefore,
onlyrational conversionfactors are dealt with in the following. Besides the conversionfactor,
anotherdesign parameteris important: the ratio between the sample rate ofthe signal andthe
bandwidth of the channel-of-interest, i.e. the oversampling ratio (OSR) of the channel-of-
interest. This has been introducedin Section 6.4.1 in Equation (40).

In order to comprehendthe importance of the OSR in the context of SRC it should be
recalled that channel filtering is not assumed to have taken place before SRC. The signal
whose sample rate should be changedcan be a wide-bandsignal comprising several channels
among whichthere is only one channel-of-interest. The anti-aliasing property stated in
Section 6.5.1 means that the sample rate of such a signal is changed sothat at least the
channel-of-interest is not distorted. All other channels can be completely distortedbyalias-
ing.

The OSR after the SRC process determines the relative bandwidth (compared to the
Sample rate) of potential aliasing components that have to be attenuated by the SRCfilter.
A high OSRallows small pass-band and stop-bandwidthsofthis filter. Hence, a high OSR
(after SRC) relaxes the design constraints leading to simpler filter structures.A consequence
Ofthis is that SRC can be advantageously implemented on a cascaded multirate systemas has
been proposedforchannel filtering. Thus, it is possible to combine SRC andchannel filtering.
Since the design constraints on the filter for SRCare relaxed for a high OSR,a trade-off
between sample rate and hardware effort (numberofcoefficients) can be made in a multirate
System for SRC. It should be notedthat this is particularly simple in the case ofthe per-
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186 Software Defined Radio: Enabling Technologies

channel approachfor channelization, whichis another advantage ofthe per-channel approach
overthe filter bank channelizer.

Several cases of SRCcanbe distinguished. Assuming f5/f, = L/Mis the ratioof the output
sample rate and the input sample rate, where L and Mare relatively prime(i.e. the greatest
commondivisor of L and Mis one), there is

 
e an effective reduction (L < M), and

e aneffective increase (L > M) ofthe sample rate.

Moreover,it can be distinguished between

e anintegerfactor, and
e fractional SRC.

While integer factor SRC can be combinedwith channel filtering in a multirate filter, frac-
tional SRCis basically a pure SRC task. Therefore it is sensible not to treat the overall
rational conversion factor as it is, but to separate the integer factor from fractional SRC,
The rational rate change factor can be factorizedto afractional part (L/M)f,.- and an integer
part Lint (Or Min):

(+), Lin effective increaserac
L M

M L l effective reduction
My tacMm Ciecuve reducuc

Thefractional factor (L/M),,. is limited to the interval (0.5, 2). If the samplerate is effectively
reducedthis factor can be limited furtherto the interval (0.5, 1), orto the interval (1, 2) ifthe

sample rate is effectively increased.
Having separated fractional SRC frominteger-factor SRC the question arises of howto

order them. Since the OSRbefore andafter fractional SRC is of the same order of magnitude,

the sequential orderoffractional and integer-factor SRC has no remarkable influence onthe
latter. Howis this for fractional SRC?Is it better to place fractional SRCfirst at a high,orlast
at a low sample rate? Whenplacing fractional SRC at a high sample rate in a multirate

 fractional SRC decimation by integer factors
   

 

    
(mean,

x(kT) Fs 7 y(mT>)
——— SRC ——I SRC = SRC —

stage 1 : stage 2 stage n

J
 requirements,effort 

 
sample-rate (clock-rate)

 

Figure 6.23 Effort vs. sample rate in a cascaded SRCsystemrealizing an effective sample rate
reduction, 7; < 7>, with the suggestion of placing fractional SRCat a high sample rate (adapted
from [12], © 2000 IEEE)
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187 The Digital Front End—Bridge Between RFand BasebandProcessing 
system, i.e. where the OSR ishigh, simple filter structures can be used. However,thesefilters
must runat a high clockrate. At a lowrate, more sophisticatedfilters are required. Thus, the
above mentionedtrade-off between sample rate and hardware effort can be made for the
fractional part of SRCseparately.

In Figure 6.23 a cascaded multirate structure for SRCis sketched showing an increasing
hardware effort as the sample rate and thus the OSR decreases. A minimization ofthe
hardware effort for fractional SRC can be achievedbyplacing it first in the cascade where
the OSRis highest. However, this does not necessarily yield a minimum multiplicationrate.

In general, it is difficult to compare the two extremesofplacing fractional SRCat the
highest sample rate where the signal-of-interest is highly oversampled, or at the lowest
sample rate. This is due to the fact that different filter types would be usedforeither approach.
If the OSR is high, combfilters merely suppressing the aliasing components are a very
efficient choice. However, for low OSRs suchfilters do not perform sufficiently.

Generally, the advantages ofplacing fractional SRC at a high sample rate (where the OSR
is high) are:

e lower hardware complexity due to relaxed constraints
e if noise-shaping ADCswith lowoutput wordlength(i.e. sigma-delta ADCs) feedthe filter,

coefficient multipliers can be realized by simple switches or look-uptables ofrelatively
small size.

The disadvantagesare:

e the high clock rate at which the filters have to run
° the air interface dependent OSRafter fractional SRC that mightresult in different filter

design constraints for different air interfaces
e the required high aliasing attenuation ofthe filter due to the high dynamic range of

multichannel signals.

Fromthese advantages anddisadvantages, the pros andconsofplacing fractional SRC at a
lowersample rate can be derived. Since the requirementsofthefilters are stronger with lower
OSRs theeffort for fractional SRCat a lower sample rateis higher. This is mainlyreflectedin
the numberofcoefficients ofthe filter and thus, the numberofmultipliers. If the sample rate is
so lowthat time-division hardware sharing is possible, several coefficient multipliers can be
realized by a small numberof multiply-accumulate (MAC) units of a DSP. In an FPGA or
application specific integrated circuit (ASIC) based implementation, each coefficient is
usually realized by its own multiplier. Therefore, in this case it is far more advantageous
to place fractional SRCat a high sample rate. This enables the application of simple comb
filters whose implementation requires only a small numberof multipliers.

 
6.5.5 Systems for SRC

The direct approachofrealizing rational factor SRC is a cascade ofan up-sampler, afilter,
and a down-sampleras shownin Figure 6.22. It can be observedthat thefilter is placedat a
high intermediate sample rate. This is infeasible with input sample rates of some million
Samples per second.

Alternative structures exploit the fact that all but every Lth sample are zeroat the input to
the filter, andall but every Mth sample are thrown awayatthe output of the down-sampler.

—
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Figure 6.24 Apolyphase decimator

For M = | or L=|thesestructures are knownas polyphase interpolators or decimators,
respectively [1,4]. A polyphase decimatoris shownin Figure 6.24forillustration purposes.
Combining an up-sampler with a polyphase decimator or a polyphase interpolator with a
down-sampleryields systemsfor rational factor SRCthat avoid the drawbacks ofthe direct
approach. An up-sampler followed by a polyphase decimator results in exactly the same
structure as shownin Figure 6.24 exceptfor the input switch, that steps through the Minputs
with a step-size of L rather than | (thereby exploiting the fact that all but every Lth sample are
zero of the up-sampledsignal).

Polyphase filters are based on the polyphase representation of both the signal andthe
impulse response ofthe filter. The most important property of polyphase decimators and
interpolatorsis that the filtering operation is performedonthe lowerofthe two sample rates
involved. As to the hardwareeffort, all coefficients ofthe filter must also be implementedwith
a polyphaserealization. Thus, having afilter with K coefficients, the polyphase realization
must also implement K coefficients. These coefficients can be realized byfixedcoefficient
multipliers. Since only one polyphase branchis usedat a time, it is also possible to realize
KINgeneral purpose multipliers and changethe coefficients in a time-varying manner,if Nis
the numberof polyphase branches.

ForIIR filters it is not possible to give generally valid estimates ofpossible savings. This is
due to the fact that the polyphase components ofIIR filters are also impulse responses of
infinite length.

The disadvantage of such a polyphase realization of a sample rate converteris that it is
always related to a filter that is specifically designed for a certain rate-change factor.
However, in software defined radios the rate change factor must be tunable. Howcanthis
be solved?

FromEquation (72) it can be seenthat the impulse response h(t) is sampled with a period
that depends on 7; and 7), i.e. on L or M inthe case ofinteger-factor SRC. Thus, different
digital filters (i.e. samples ofA(t)) result for different L or M. Obviouslyit is not feasible to
implementdigital filters for all possible factors L or M. But it is possible to implement the
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continuous-time impulse response h(t) and calculate its samplesat the time theyare required.
In orderto keep the effort lowfor calculating the samples of A(t), simple descriptions of h(f)
are sought. Filters whose impulse responses are piecewise polynomials can be used.

Given polynomial pieces of degree n and length A
n

Yet), O<1<Ap(t) =4= (5) (77)
0, else

a piecewise impulse response composed from N polynomials p;(t) is
N=1

h(t) = > pj(t—j-A) (78)
j=0

Anequivalent description is

rva\ht—|< IA), =t<WNAh(t) = Pui Ls] ) (79)
0, else

where | - | denotes the floor operation, i.e. the largest integer smaller than or equal to(-).
Equation (79) might seem to be a somewhat odddescription. However,it enables us to give
up the usual limitations on¢ for the polynomial pieces in Equation (77) byshifting themto the
description of h(t) itself (Equation (79)). Thus, it becomes possible to directly substitute
Equation (77) into Equation (79).

h(t) = >a(ls|(é ~ ||). 0=<t<WNA 0)
0, else

aod
Anopen question is the choice of A. There are two choices for which Equation (80) can be
simplified considerably and a hardware structure can be derived, namely A = 7; and A = 7).

Combining the polynomial impulse response of Equation (80) and the polyphase approach
leads to structures whichcanberealized veryefficiently. One ofthemis the Farrowstructure
[2,19] resulting from setting A = 7. As will be explainedlater,it is a structure that is very
well suitedto interpolation.

An equivalent structure that is perfectly suited to decimation has been suggested bythe
author [9,10]. Due to its equivalence to the Farrowstructure, it has been namedthe trans-

i
f posed Farrowstructure. Since it is not as well known but is as important as the Farrow

Structure, it is explained below.
Setting A = T, andsubstituting Equation (80) into Equation (72) yields

=e n T) — kT T T) - kT, |\'

y(mT) = >. x(kT)) >.(||)(m —k = ~ |=) ;k=—-00 i=0
(81)

 
0 < mT) —kT, < NT,

which canbe simplified to

 
65

 



66

 

 
 

 
 
 
 
 
 
 
 
 
 

 

Software Defined Radio: Enabling Technologies 

n co T. T;

y(mT>) = > >. Bi(KT,) e,(m = E7) 0O=m- E 7 <N (82)~
i=0 k=-0o

with

KAKT,) = x(kT) (wy)! (83)

and

by =[«#]-1 te [0, 1) (84)
where [¢] stands forthe ceil operation, i.e. it rounds (¢) to the nearest integer towards plus
infinity. It should be noted that there are coefficients c,(j) for certain values of j only. Hence,
the summationoverk is restricted as given in Equation (82). For reasons of simplicity and
clarity, we have notinsertedthe real limits.

The quantity s, indicates the distance betweenthe current input sample andthe next output
sample. It is called the intersample positionandit is related to yz, of Equation (74) by 4,7, =
[4,7 as can be seen fromFigure 6.26. From Equations (82)—(84), a structure can be derived
that realizes SRC with piecewise polynomialfilters with a piece length of A = 7}. This is
shownin Figure 6.25. In orderto see the equivalence between Equations (82)-(84) andthe
structure of Figure 6.25 it is important to understand Equation(82). Its second sumdescribes
a convolution-like operation.

Foranyfixed mcertain consecutive samples %;(k7,) might be weighted with the samec;(/)
before being summedupandcontributing to a new output sample. This comes fromthe fact
that [k7|/T>] does not necessarily change when incrementing k (see Figure 6.26 where two
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  Figure 6.25 Transposed Farrowstructure for decimation, I&D stands for integrate-and-dump(inte-  grate with period 7, and dumpwith period 7)
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(m -1)T (m+1)T2 

output samples: |
input samples: 
 (k -I)T) 
 
 Figure 6.26 Sample timerelations 
 

  
 

input samples arrive at (k + 1)7, and (k + 2)7, before a newoutput sample is generatedat
(m+ 1)T>). The respective summation can be realized by means ofan integrate-and-dump  

 
circuit.

It should be notedthat the above mentioned (original) Farrowstructure can be derivedin
the same manneras the transposedFarrowstructure by simply setting A = 7, (see [10]).

The fundamental difference about the performance ofthe Farrowstructure andthe trans-
posedFarrowstructure is the length A ofthe polynomial pieces. In [22] it has been statedthat
polynomial filters with polynomial length A derived from Lagrange’s interpolation formula
have transfer zeros clusteredat integer multiples of 1/A. Thus, setting A = 7results inafilter
that attenuates the signal components at integer multiples of 1/7,, which are the image
componentsinthe case ofinterpolation. If decimationis the issue, the aliasing components
must be attenuated that lie at integer multiples of 1/7). This can be achieved with the
transposed Farrowstructure, i.e. with A = 7. So it seems as if the Farrowstructure is
advantageousin the case ofinterpolation, and the transposed Farrowstructure in the case
of decimation. This is indeed the case.

The Farrowstructure is independentofboth 7, and 7}. Its signal processing characteristics
are determined bythe polynomial coefficients c;(j) and the period 7,. These characteristics
are completely independent of 7. Changing 7; automatically adapts the underlying contin-
uous-time impulse response respectively; changing T> (whichis a fundamental property ofa
system for SRC in a software radio) does not cause any adaptation. However, changing 7)
influences the characteristics of the resampling process (see Figure 6.20) and thus influences
aliasing. These changes could only be met by designing a newfilter thus also changing the
coeffcients c;(j). It can be concluded that the Farrowstructure is not matchedto an anti-
aliasing task. It is matched to the sample rate before SRC,i.e. 1/7. Henceit is well suited to
maintain the original signal if no aliasing is to be expected from SRC,e.g. in the case of

 

   

  integer factor samplerate increase.
In general anti-aliasing is the most prominent task of a system for SRC. 7> is the sample

rate after SRC and thus determines the highest frequency componentofthe signal that can
pass through the SRCprocess undistorted. Thus, the filter for SRC must depend on7} rather
than on 7;. This constraint is served by the transposed Farrowstructure. Regardless ofthe
SRCfactor, the filter implemented onthe transposedFarrowstructure is alwaysrelated to the
Signal after decimation. Changing T> automatically adapts thefilter characteristics to the new
constraints. Nocoefficients c;(j) need to be changed.

Fromthis short discussionis is clearthat in general the transposedFarrowstructureis the
better choice. However, there are cases where the (original) Farrowstructure is preferably
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192 Software Defined Radio: Enabling Technologies

employed. If there are no signal components besides the signal-of-interest, all potential
aliasing components are equal to the spectral repetitions of the signal-of-interest. Thus,
anti-imaging mightbethe issue in this case for which the Farrowstructureis perfectly suited,
However, it must be ensuredthat the images are sufficiently attenuatedto avoidaliasing.

The actual coefficients c;(j) of both the Farrowstructure andthe transposedFarrowstruc-
ture can be obtained, e.g. by means of approximating a desired impulse response with the
polynomial impulse response of Equation (80). Several solutions can be foundin [24]. It
should be notedthat if both structures are realized with exactly the same coefficients, the
impulse responsesofthe underlyingfilters are similar, i.e. they are identical except fora time
stretch (and thus, a frequency compression) of one comparedtothe other.

Finally, it should be mentionedthat the necessary multipliers ofthe two Farrowstructures
might be undesirable. For integer factor SRC there are filter classes that do not require
multipliers. They can be obtained fromsensible factorizations ofcertain transfer functions.
Twowidely known multiplier-free filters for integer factor SRC are cascaded comb filters [5]
andcascadedintegrator comb filters (CIC filters) [14]. However, the great advantage of low
effort must be paid for with relatively poortransfer characteristics. Due to the small width of
their stop-bands they can only be applied at high OSRsofthe channel-of-interest. This is
partially offset by the simple structure ofthese filters which supports an implementationat
high sample rates (where the OSRofthe signal can be kept high).

In orderto use CIC filters also for rational factor SRC, the author has proposed a combina-
tion of a CICinterpolator and a CIC decimatorthat is implemented in a polyphase-like
fashion [8,9]. In this case multipliers are required.

6.6 Example

6.6.1 Design Parameters

At the end ofthis chaptera digital front end is designedstepbystepin ordertoillustrate the
design process. Fromthe previous sections it should have becomeclearthat software radiois
possible withrespect to the digital front end, however, only within certain boundaries. These
boundaries have to be definedfirst for the example design. Only the receive branchwill be
dealt with.

e Thedigital front end should be designedfora base station.
e Theper-channel approachis usedbecauseofits flexibility (see Section 6.4.3). Hence, only

one channel has to be designed(that is instantiated according to the required numberof
channels).

e The sample rate of the ADCis assumedtobestate-of-the art, i.e. 80 MHz for a 14 bit
quantizer.

e Theanalog front end performs I-Q down-conversionofa signal of very wide bandwidth
(theoretically 80 MHz). Thus, a pair of matched ADCssample thesignal.

Thetasks ofthe digital front-endare:

e digital down-conversion ofthe channel(s)-of-interest
e sample-rate conversion, and
e channel filtering.
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 The Digital Front End — Bridge Between RFand BasebandProcessing 193 

Eventually, the design should serve the requirements of the GSMand the UMTS. Duetothe

large bandwidththat is defined by the sample rate of the ADC, several frequency channels of
one or the otherair interface are received simultaneously. For UMTSasa wide-bandsignal a
necessary adjacent channel selectivity of 60 dB is assumed; for GSMthis figure is set to
100 dB. It is further assumedthat the signals at the output of the DFE should have twice the

target rate fiat, i.e. the chip rate or bit rate, respectively (7.68 MHz for UMTS and
541.67 kHz for GSM). Thus, the design parameters have beenset.

In orderto be able to performthefiltering operations (for SRC and channel filtering) at
baseband, the signal is converted to basebandfirst.

6.6.2 Digital Down-Conversion

The channel-of-interest is digitally down-converted with a CORDIC-based down-converter.
According to [18] a CORDICwith 16iterations and 18 fractional binarydigits to represent
the intermediate results performs sufficiently. It achieves a spurious free dynamic range of
approximately 98 dB.

In order to meet the speed requirements a pipelined CORDICis favored, i.e. for each ofthe
16 iterations a separate CORDICstageis realized. The stages are separatedbyregisters.

6.6.3 Sample Rate Conversion

In this example fractional SRC is placedat the high sample rate directly after digital down-
conversion. This enables very simplefilters (see Section 6.5.4). A first order polynomial filter
(see Figure 6.27) provides enoughaliasing attenuation. It should be notedthat if the poly-
nomial length was 7; rather than 7, the filter would be alinear interpolator with very poor
anti-aliasing properties. The polynomial filter with polynomial length 7, can be implemented
on the transposed Farrowstructure. It is sketched in Figure 6.28. Only one multiplier is
required.

It should be recalled that the sample rate after fractional SRC is not less than half the
sample rate before fractional SRC,i.e. it is not less than 40 MHz. Hence, the OSR ofthe

Signal-of-interest is still very high. This is exactly the reason whysuchsimple filters can be
employed.
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Figure 6.27 Impulse responseofa first-order polynomial filter
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x(kT}) y(mT2) 
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      1&D
    
 

Figure 6.28 Transposed Farrowstructure implementing the impulse response of Figure 6.27, I&D
stands for integrate-and-dump(Integrate with period 7, and dumpwith period 7>)

For UMTSafeasible rate change factor is 24/25 and for GSM 13/15. Hence, in orderto
achieve the target sample rates, decimation by 10 must follow for UMTS,and by 128 for
GSM. Therespective decimationfilters simultaneously perform channel filtering. Therefore
they are discussed in the next section.

6.6.4 Channel Filtering

The channel filter must removeall adjacent channels andpossibly perform matchedfiltering.
Duetothe high oversamplingratio of the channel-of-interest at the input of the channel filter,
multirate filtering is an efficient method. Thus channel filtering can be combinedwithinteger-
factor decimation.

As long as the oversampling ratio of the channel-of-interest is sufficiently large after
decimation, simple filters, e.g. CICfilters can be used. A fourth-order CIC filter is chosen
for this example. Fromthe tables given in [14] it can be concludedthat these filters can be
used for decimating the GSMsignal downto 8 timesthe bit rate, and the UMTSsignal down
to 4 times the chiprate.

The remaining decimation task is realized by a cascade ofhalf-bandfilters. If perfect
linearity is an issue, only FIR filters can be used. Otherwise IIR filters are also applicable.
There are also attempts to realize approximately linear-phase IIR half-bandfilters [16].
Stability and effort issues on IIR filters can be tackled with the application of wave-digital
filters (see [17] for an application, and [3] for fundamentals on wavedigital filters).

If linear phase FIR filters are used, the half-bandfilters can be designed with any filter
design tool. However, in order to reduce the effort, optimized half-bandfilters can be used
that exploit the oversampling ratio ofthe signal, i.e. the half-bandfilter for decimating from
8 timesthe target rate to 4 times the target rate has different properties than the filter used for
decimating from4 timesto 2 times the target rate (see Figure 6.15). Henker[7] has suggested
a cascade ofa half-bandfilter designed with Lagrange’s formula [4] and a half-bandfilter
proposed by GoodmanandCarey[6].

The coefficientsofafifth-order Lagrangefilter are [3, 0, —25, 0, 150, 256, 150, 0, —25, 0,
3]. They can be encoded with 9 bit fixed-point two’s complement numbers. The filter
achieves approximately 100 dB ofaliasing attenuation in the band-of-interest. Since this
filter can be employedfor decimating from8 times to 4 times the target rate, independent
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fromthe airinterface, the coefficients do not needto be changedand thus can be hard-wired
with a fewshift and addoperations.

The coefficients of the secondhalf-bandfilter (Goodman and Careycalledit F9 [6]) are

[18, 0, —116, 0, 429, 0, — 1277, 0, 5042, 8192, 5042, 0, — 1277, 0, 429, 0, — 116, 0, 18]. They
can be coded with 14 bit fixed-point numbers (or with 13 bit if the impulse response is
negated). The filter provides aliasing attenuation of approximately 79 dB in the frequency
band-of-interest. This is sufficient at this stage ofthe multirate filter (see Figure 6.3 for the
decreasing effort as the bandwidthdecreases). As withthe first half-bandfilter, the second can
also be employed independent fromthe air interface and can thus be hard-wired.

Filtering that dependsontheair interface in terms oftransition-bandcharacteristics (e.g.
matchedfiltering) can be applied at twicethe target rate, i.e. at the output of the suggested
DFE.It is not included in this example. However, it should be mentionedthat this filter can
also be usedto correct a possible pass-band droop introduced bythe comb filters.
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Figure 6.29 Structure of the suggested DFE
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6.6.5 Summary

The structure of the suggested DFE is shownin Figure 6.29. Althoughit looks rather hard-
wired andfixed, it can indeed be employedin a software defined radio. The carrier frequency
canbe freely chosen with the CORDIC down-converter, likewise the sample rate conversion
factor. Depending on the decimationfactorofthe CIC filters, the target rate can be tuned. This
goes automatically with the necessaryfiltering. Possiblyafinal filter stage must be foreseen
that performs, e.g. matchedfiltering.

The effort is summarized in Table 6.1 where only multiplications are counted. Since the
processedsignals are complex signals all filters must be doubledto have onein the I- and one
in the Q-branch. It should be notedthat the half-bandfilters can be clocked at the lowerofthe
two sample rates involved (polyphaserealization). If the half-band filters are realized hard-
wired their contribution to the multiplication rate can be neglected, especially for the
Lagrange half-bandfilter which has very simple coefficients. Therefore, the CORDIC and
the transposed Farrowstructure for SRC are the main contributorsto the multiplicationrate
andthus, to the power consumption.

Table 6.1 Hardware effort and computational effort of the suggested DFE
 

 
CORDIC=SRC cic Lagrange half- Secondhalf-

(4th order) bandfilter bandfilter

Numberofgeneral equiv. 3 2x1 - - -
purpose multipliers
Numberofcoefficient - - - 2x4 2x6

multipliers

Running at fs fs fs, 8X fiarger 4 X target 2 X frarget
for GSM 80 MSps 80 MSps 80 MSps, =1.08 MSps 0.54 MSps

=2.17 MSps

for UMTS 80 MSps 80 MSps 80 MSps, - =7.7 MSps
~=31 MSps

Multiplication rate (mps) 3 X fg 2X fs = 8X4X fiarser 12% 2 X frarget
for GSM 240 Mmps 160Mmps - =8.7 Mmps ~6.5 Mmps
for UMTS 240 Mmps_ 160 Mmps_ - - =92 Mmps 

6.7 Conclusion

This chapter has covered concepts ofdigital signal processing typically applied between the
analog/digital interface and base-band processing. Special attention has been paidtothe
implementation feasibility in software programmable transceivers. Due to the high sample
rates at whichparts of the described signal processing steps must be performed, hard-wired
implementations wouldbe optimal solutions in terms of hardware effort and power consump-
tion, if they were adaptable to the different air interfaces that a software radio must cope with.
This is the motivation whythe signal processing concepts (for digital down-conversion,
channel-filtering, and sample rate conversion) are based on a fixed hardware platformthat
can be adapted to different requirements by means of parameterization. Thus, they are a
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meanstorealize the functionalities ofthe digital front endofa software radiotransceiverwith
low

 
 

hardware effort and low power consumption.
The conceptofthe digital front end allows software radio to be implementedtoday.
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