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ABSTRACT

This contribution dealswith the design of an al digital mul-
tirate receiver with nonsynchronized IF sampling and dig-
ital timing correction, that can be used in software defined
radios. By performing timing correction prior to matched
filtering, the complexity of the matched filter is reduced,
but at the expense of additional aliasing. Design parame-
ters, yielding low degradations with respect to synchronized
baseband sampling, are provided.

1. INTRODUCTION

1.1. Software Radio

A Software Defined Radio (SDR) can be seen a transceiver
whose functions are realized as software running on a suit-
able hardware platform. Radio functionalities are as much
as possible replaced by digital signal processing (DSP).

Some of the critical tasks of a software radio have been
identified as. analog to digital conversion (ADC), digital
mixing, sample rate conversion and filtering. In this con-
tribution we mainly focus on the last three aspects. ADC
is assumed to be performed with infinite digitization band-
width and precision.

1.2. Digital Mixing and Sample Rate Conversion

In atraditional super-heterodyne receiver four stages can be
discerned: the RF, IF, BB and DSP stages. In the radio fre-
guency (RF) stage the received signals at the output of the
antenna are filtered, amplified and downconverted to the in-
termediate frequency (IF). In the IF stage the signal is ban-
dliimited. Then the IF signal is downconverted to baseband
(BB), filtered (by a matched filter, to maximize the signal to
noise ratio (SNRY)), synchronously sampled and converted
to the digital domain by the ADC. Finaly, general DSP is
performed in order to detect the digital data conveyed by
the transmitted signal. None of the analog components are
reconfigurable: for each symbol rate different filters need to
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be used. For the remainder of this paper we shall refer to
this receiver as the reference structure.

In this contribution, we sample the IF signal reducing
the number of analog components as compared to base-
band sampling. Sampling is performed at afixed rate, 1/7.
Thisimplies different clock rates (corresponding to variable
data rates) need to be supplied virtualy, by means of digi-
tal sample rate conversion (SRC). Thisis closdly related to
the well-known problem of digital timing correction, which
is the focus of this contribution. As will be shown, alias-
ing will be a main concern. SRC can be applied in com-
bination with matched filtering [1]. A significant reduction
in receiver complexity can be accomplished by performing
timing correction prior to matched filtering: this configura-
tion, given in Fig. 1, makes the matched filter independent
of the symbol rate. This structure has been investigated in
[2] assuming nonsynchronized baseband sampling.

2. SYSTEM DESCRIPTION

2.1. Receiver Operation

We consider multirate burst transmission, where the symbol
rate during aburst is constant, but can change from one burst
to the next. We denote the signal at the input of the ADC
by r (¢) = s(t) + n(t), where n (t) is rea additive white
gaussian noise (AWGN) with power spectral density equal
to Nyo/2 and s (t) isthe IF signal:

s(t) = V2ER

Zakp (t — kT — 1) eI2mf1rteif | (1)
k

where f;r isthelF, {a;} arethe uncorrelated data symbols
with E [|ak|2} = 1, E, is the energy per symbol, p () is
a sguare root cosine rolloff unit energy transmit pulse with
rolloff o, and aone-sided bandwidth B = (1 + «,,) / (2T'),

0 is the carrier phase and 7 is the propagation delay of
the complex envelope. Note that 7 is constant for a given
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burst, but can vary from burst to burst. Two cases are dis-
tinguished: the symbol interval, T, can take on any values
from an interval (Tnin, Tmaz). Alternatively, the symbol
interval takes on values from a discrete set: {Tnin,-- - ,

Tmaz - Consequently, the bandwidth B of the transmit
pulseisin acorresponding interval (Boin, Bmaz)-

As shown in Fig. 1 the received signal is applied to
an anti-aliasing (AA) bandpass filter, sampled by a free-
running clock at arate 1/Ts, and frequency-translated from
IF to baseband by performing a constant-speed rotation of
—27 f1 T, rad/sample. The AA filter hasabandwidth B 4 4
= Bz (1 + €) for somee > 0 and has aflat frequency re-
sponse for | f| intheinterval (fir — Bmaz, f1F + Bmaz)-
Subsequently, synchronized samples of the downconverted
AA filter output signal, taken at amultiple (V) of the sym-
bol rate (i.e., at instantsmT'/N + 7), are obtained by means
of an interpolator. The resulting synchronized samples are
applied to a discrete-time filter that is matched to the trans-
mit pulse p (). The matched filter output is decimated by
afactor IV, yielding samples at the decision instants k71" +
7. The matched filter also suppresses (part of) the double-
frequency terms (at —2f;F + multiples of 1/T;) that re-
sult from the downconversion of the sampled output of the
anti-aliasing filter. The matched filter output samples are
fed to the decision device, that detects the transmitted sym-
bols{ay}. Denoting rem(z) asthefractional part of z, i.e.,
rem(z) = = — floor(z), we definer = rem(2f;rTs).
Consequently, the shifted HF components are centered at
(k—r)/Tsfork € Z

2.2. Interpolation

Polynomial interpolation [3] is used to reconstruct, from
samples z (nT), asigna z (t) at instants ¢, according to

zr (tk) = Za: (nTs) pr (t — nTs) 2

n

wherep; (t) istheinterpolating pulse. Denoting the Fourier
transform (FT) of = (¢) by X (f), interpolation is perfect
(i.e, z (tg) = = (t)) provided X (f) = 0 for | f| > 1/Ts
and py (t) = sinc (t/T), with sinc (z) = sin(rz)/ (rz).
Otherwise z (tx) # z (tx). Generaly, polynomial interpo-
lators have a frequency response which is fairly flat around
f = 0 and has nulls around non-zero multiples of k/T5,
k € Z. The finite number of filter taps inevitably givesrise
to non-ideal interpolation (i.e., z; (t;) # = (t)).

In our application we select ¢, = kT'/N + 7: theinter-
polator output rate is an integer multiple (V) of the symbol
rate 1/T'. It is assumed that 7 is known at the receiver. In
practice, this quantity needs to be estimated by atiming re-
covery circuit. For theremainder of this paper, we uselinear
interpolation. Generalizations to higher order polynomial
interpolators is straightforward.
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Fig. 1. Proposed receiver with IF sampling

3. SYSTEM ANALYSIS

3.1. Receiver Complexity

The design parameters IV, T, and r have a different impact
on receiver complexity: the length of the matched filter is
proportional to N, the complexity of the ADC after the AA
filter isrelated to T and r has essentially no impact on re-
ceiver complexity. For practical reasons it is preferred to
keep frr aslow aspossible.

3.2. Aliasing

A mathematically equivalent representation of the interpo-
lator output, based on continuous-time filters can be used
to examine the receiver: we apply the downconverted sam-
ples at the output of the AA filter to a reconstruction filter
with impulse response p; (¢) and (virtualy) resample the
resulting continuous-time signal at arate N/T'. Signal and
noise componentsaround f = k/Ts, for k # 0, are severely
attenuated by the interpolator, while components centered
around f = (k — r) /Ts have a magnitude proportional to
sinc® (k — r). For k = 0 and k = 1, this magnitude can be
significant. If these components after virtual resampling end
up within the bandwidth of the matched filter, severe degra-
dations will occur. We denote the noise power at the output
of the matched filter by o7, Witho?,, = 07 p + >}, 0Frp 1.
where 2 , istotal noise power due to LP components, and
0%, iSthenoise power due to the HF component centered
around f = (k —r) /T at the output of the matched filter.
A similar decomposition of signal power P;,; a the output
of the matched filter can be made. To analyze the impact
of each contribution to the overall performance it isimpor-
tant to note that any frequency f; at the interpolator input
ends up at frequency f = rem (f1T/N) N/T in the folded
spectrum, [0, N/T7[ at the interpolator output.
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3.3. Performance measure

To determine the performance of the receiver in Fig. 1, we
calculate the bit error rate (BER) degradation as compared
to the reference structure. This degradation is defined by:

Ey /Ny
(Eb/NO)ref> ©

where E;, /Ny is the SNR needed to achieve the same BER
as in the reference system that operates at a SNR of (E;/
No),s- It turns out that the BER degradation, with respect
to the reference structure can be approximated by a simple
function of E,/No, o2, and P, [4]. This degradation de-
pends on r through ¢ ;- and Py r.

BERdeg (dB) = 101log <

3.4. Reducing Aliasing

By properly selecting the design parameters », N and T,
wetry to eliminatethe aliasing at theinterpolator output that
is caused by HFy (f) and HF; (f), which are the largest
H F components at the input of the interpolator. The results
presented here can easily be extended to eliminate aliasing
from HF}, (f) with & different from 0 or 1. Welook for T,
N and r, such that 0% ., and 0%, (and afortiori Py g
and Py 1) are both zero for al considered symbol rates.

3.4.1. Casel: discrete symbol rates

Here, T € {Tyin =11, T ... , TN = Tpnaz t- FOr each T;,
we determine arange for r, R;, for which o3, and o3,
are both zero. The intersection of these ranges R; defines
the desired range. It is easily verified that o7, , = 0 for
T = T, when the following set of inequalities holds:

N k—
B < —rem( TT[) — Baa 4)

T; TSN
N N k—r
— — B — —1T B 5
T > T,rem<TsN z>+ AA %)

Considering (4) and (5) for £ = 0 and introducing the
following quantities: o (T') = &%=, 3(T) = T, (B + Baa),
A%, (T)=Ma(T)+p(T)and AS, (T) = (M + 1) a (T)—
B(T) it follows that 0%, = 0 whenr € R}([0,1],
where

Mo

R = |

M=Mpin

{lA% (1), A, (T0)]} - (6)

The range of M in (6) is such that only intervals overlap-
ping with [0, 1[ are considered: M,,;, = 0 and M4, =
Floor (M) Similarly, we find from (4) and (5) with

a(Ty)

k= 1that o3, = 0for 1 —r e R)(]0,1]. Clearly, in
order that values of r exist that yield both 0%, = 0 and
o1 = 0, itisnecessary that 3 (T;) < 1/2 for each T, so
l/TS > 2 (BAA + Bmaz).

Based upon the above derivations, the range of r that
yieldsUzR0 = a%,m =0forT € {Tmin,--- , Tz} CAN
be determined numerically.

3.4.2. Case 2: continuous symbol rates

In this case T' can take on any value in the interval [T,
Tmaz]- Using aline of reasoning analogousto section (3.4),
0311 i zero for al T in [Tin, Trnas) if r € RON[0,1]
with

Mmaz

R'= (J

M=Mpmin

{[A}g\/[ (Tmzn) ’ A(]a\d (Tmam)]} (7)

where M,,,;,, = 0 and M, = floor (%) Simi-
larly, a},Fyl =0if1-r¢e R°]0,1].

A necessary condition for R° being non-empty is that
Mo (Thin) < (M 4+ 1) a(Tha.) for a least one value of
M intherange specified in (7). This condition is equivalent
t0 Tnax /Tmin < (M + 1) /M. Hence, when T',00/ Tinin
isgreater than 2, the only value of M to be considered in (7)
isM = 0. Assuming Tyq2 / Trmin > 2, it can be shown that
the range for r is non-empty if, with A; > 0and A, > 0
Whereﬁ (Tmln) = % - A1 and o (Tmaz) - ﬁ (Tmaz) =
1+ A,. Denoting A = min (A, A), this leads to the
following relationship between the design parameters:

1

T > 2(Baa + Baz) (8)
1
N > T, —+ B B 9
= mazx <2Ts + baa+ mzn) ( )
1 1
——A -+ A]. 1
r € [2 '3 + ] (10

The conditions (8) and (9) indicate that both the sam-
pling rate 1/7 of the ADC and the oversampling factor N
at the interpolator output must be sufficiently large. Note
that condition (8) on the sample rate is the same as in sec-
tion (3.4.1). In both case 1 and case 2 |r — 1/2| can be no
greater than A.

4. PERFORMANCE RESULTS

Figs. 2 and 3 show, as a function of r = rem (2f;rT5s),
the actual BER degradations, maximized over all consid-
ered symbol rates, for a fixed sampling rate, 1/7, = 11.1
(which satisfies (8)), and various values of N, assuming
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Fig. 2. BER degradationsfor N = 16

BPSK modulation, (Tyins Tmaz) = (1,2), 0 =0.5,e =1
and a reference BER of 1072. We consider the cases of
discrete T (i.e, T € {Tmin,--- » Tmaz}) ad of continu-
ousT (i.e, T € (Tmin, Tmaz)). FOr comparison, also the
BER degradations for the single-rate systems T = Ti,in
and T = T,,,, areincluded. Note that the degradations are
symmetric around r = 1/2.

Only for N = 16, condition (9) is satisfied, which indi-
cates that there exists a region near » = 1/2 where both
0hro @d ofp, ae zero. The maximum degradations
for continuous and discrete T' are very similar. Accord-
ing to (10), small degradations are to be expected for r €
(0.36,0.64). It isobserved that within thisrange, the degra-
dations are not much sensitiveto r, and indeed remain fairly
low (i.e., lessthan about 0.1 d B)

When N = 12, condition (9) is no longer valid. Hence,
0% po ad ofp, cannot both be zero for al T'in (Toin,
Tinaz) » SOthat performanceisdeteriorated. The BER degra
dationsfor the cases of continuous 7" and discrete T are dis-
similar, and are quite sensitive to the value of r.

5. CONCLUSIONSAND REMARKS

In this contribution we have considered a software radio
multirate receiver, which makes use of fixed nonsynchro-
nized sampling of the IF signal, digital downconversion to
baseband, digital sample rate conversion (SRC) to a multi-
ple N of the actual symbol rate 1/7", and finally matched
filtering. Performing SRC in front of the matched filter
has the advantage that the matched filter coefficients depend
only on the oversampling factor IV, but not on the (variable)
datarate. However, we have shown by means of frequency-
domain interpretations that in this configuration the SRC
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Fig. 3. BER degradationsfor N = 12

gives rise to aliasing within the bandwidth of the matched
filter, so that a performance degradation occurs as compared
to a receiver with synchronized baseband sampling. We
have identified the potentialy largest aliasing terms, and
have indicated how severa system parameters (such as the
value frr of the IF, the fixed sampling frequency 1/T5,
the oversampling factor N, and the range (Trnin, Trmaz) Of
the variable symbol interval) should be selected in order to
keep these aliasing terms outside the matched filter band-
width. This system parameter selection has been validated
by computing the BER degradation caused by the aiasing,
and observing that the proper selection results in only a
small (about 0.1 d B) BER degradation.
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