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Abstract:

This paper details on the design of DVB-S2 receivers which is compliant with the broadcasting mode. Special at-

tention is paid to the specific receiver functions necessary to demodulate the received signal. To show the system performance we
consider the design of a complete receiver consisting of timing recovery unit, frame synchronization unit, frequency recovery unit
and phase recovery unit. The system is easier to hardware implementation comparing with that provided in (ETSI, 2005; Sun et al.,
2004). After the performance of the algorithms is analyzed and a quantitative result is given, this allows us to draw conclusions
concerning the achievable system performance under realistic complexity assumptions.

Key words: DVB-S2, Timing recovery, Frame synchronization, Frequency recovery, Phase recovery

doi:10.1631/jzus.2007.A0028

INTRODUCTION

The second generation satellite digital video
broadcasting standard (ETSI, 2004) has come out
recently. Compared with the previous satellite stan-
dard DVB-S (ETSI, 2003), DVB-S2 has more ad-
vantages, such as the 30% increase in channel capac-
ity, the more reliable performance, and the more ef-
ficient usage of transponders. The DVB-S2 standard
has been designed having in mind the peculiarities of
the satellite channel, particularly the link fading im-
pairments and the carrier phase noise (Nemer, 2005)
dominated by the user terminal RF front-end.

The most challenging issues that one has to deal
with when designing a DVB-S2 demodulator are the
rapid frame synchronization and the carrier recovery
unit. In broadband satellite transmission, the phase of
the carrier is usually affected by a number of distor-
tions (Casini ef al., 2004). Many algorithms are
available in the literature to address the issue of car-
rier phase recovery (Mengali and D'Andrea, 1997) for
different modulation schemes. However, using low
cost commercial low noise blocks (LNBs) and tuners
leads to a remarkable increase of the carrier phase
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noise which the system has to be able to tolerate
making conventional carrier phase estimators suffer
from an unacceptable cycle slip rate.

The rest of the paper is organized as follows. We
introduce the structure of the physical layer frame in
the second section. In the third section, we propose a
digital inner receiver scheme and the accompanying
problems of each part. In the fourth section, through
researching the algorithms in the key units of the
inner receiver, we give out the algorithms of the
timing synchronization unit, the frame synchroniza-
tion unit, and the carrier recovery unit. In the fifth
section, the performance of each unit is analyzed by
means of fixed point simulation. We make the con-
clusion in the final section.

Physical layer framing

The DVB-S2 physical layer frame (named
PLFRAME) structure shown in Fig.1 is critical in the
design of the synchronization algorithms. The frame
is well explained as follows. XFECFRAME (length:
64800 bits for broadcasting mode) is the data frame
after inner and outer coding. After mapping,
XFECFRAME is sliced into an integer N of constant
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Fig.1 PLFRAME structure

length SLOTs (length: 90 symbols each). The physi-
cal layer frame header (named PLHEADER) is
composed of an SOF field (26 symbols, identifying
the Start of Frame) and a scrambled and coded
PLSCODE field (64 symbols, identifying the physical
layer transport information) which will be modulated
into m/2 BPSK symbols. The PLFRAME can be con-
figured with or without pilot modes. In the former
case a PILOT BLOCK shall be composed of 36 pilot
symbols. The first PILOT BLOCK shall be inserted
16 SLOTs after the PLHEADER, the second after 32
SLOTs and so on.

PROBLEM STATEMENT

After AGC, the received signal can be expressed
as

r(t) = ay,s(t)exp(j2nf.t) + n(t), (1)

where ag, (), f. and n(f) denote the complex ampli-
tude factor, the base-band modulated signal, the re-
sidual carrier frequency offset and the additive white
Gaussian noise respectively. By sampling we get the
discrete signal in the time #=kT,

r(k) = a,s(k)exp(j2nf,kT) + n(k), 2)

where T is the symbol duration, s(k)=Aexp(jOi)=
Ii+jOr, and A is the amplitude of the symbol.

As shown in Fig.2, the DVB-S2 demodulator we
proposed consists of a timing synchronization unit, a
frame synchronization unit, a carrier frequency de-
tector loop and a carrier phase detector loop.

Frame n }I:rrarl:ile tion
synchronization synchronizatio
P

information

from AGC to FEC

—— Frequency Phase
s nci:'glnlinzga tion detector ﬁ detector :‘)
Y loop loop
1]

Fig.2 Inner receiver architecture of DVB-S2

Timing synchronization

We adopt Gardner TED algorithm (Gardner,
1986) in timing error detector. This algorithm is
non-data aided and is insensitive to carrier phase error.
The expression of the algorithm is

e(t)=I(t-T/I2)[I(t)-I(t-T)]

LOC-TIDIQ0-0u-TY),
where [(f) and Q(f) denote the real part and the
imaginary part of the received signal, respectively.

As we know, the performance of this algorithm
is sensitive to the carrier frequency error. The timing
error with nonzero frequency error should be modi-
fied as

e(t)={I(t—T/2)[I(t)-I(t-T)]
+0(—T/2)[0@F) - 0@ —T)]}cos(2nf.T) 4
—{@E-T/2DIOM)+0(-T)]
—Q(t =T /2)[I(t) + I(t — T)]}sin2af.T).

The timing error spectrum before the loop filter
is shown in Fig.3. Just as shown, the Gardner TED
algorithm suffers from a slightly higher self-noise
caused by the sin terms in Eq.(4) and also suffers from
the systematic timing phase jitter caused by the fact
that intermediate samples do not only depend on both
adjacent data symbols but on all data samples.
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Fig.3 Timing error spectrum without pre-filtering
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Frame synchronization

Frame acquisition in DVB-S2 suffers from two
major impairments: the extremely low SNR, which
can indeed assume negative values in dB, and the
unknown carrier frequency offset and phase. In addi-
tion, at terminal startup the uncertainty region equals
the entire frame length, TF, which in the worst case is
as large as 33282 QPSK symbols. At first glance, one
could hope to improve performance by exploiting
multi-dwell procedures (i.e., collecting information
from multiple frames before making a final decision).
Unfortunately, this approach cannot be used in
DVB-S2, where the frame length depends on the
selected coding and modulation pair. In particular, the
frame format is signaled to the receiver by a
64-symbol physical layer signaling (PLS) field and
the PLS field cannot be decoded accurately prior to
frame synchronization.

Frequency recovery unit

Frequency recovery is also one of the most
critical units due to the fact that DVB-S2 mass market
terminals will typically incorporate low-cost oscilla-
tors (the terminal LNB oscillator instabilities) and
Doppler effects, which introduce large initial fre-
quency offsets (e.g., 5 MHz at 27.5 Mbaud).

Phase recovery unit

The carrier phase recovery algorithm has to cope
with a residual carrier frequency error from the carrier
frequency recovery unit as well as a strong phase
noise caused by the terminal LNB RF oscillator.

INNER RECEIVER ISSUES

Timing synchronization

In this paper, we propose an IIR pre-filter
scheme. Comparing with the pre-filter put before the
TED in (D'Andrea and Luise, 1993; 1996), we put the
pre-filter between the TED and the loop filter. We do
not propose higher order filter because the Ist order
loop filter is enough to suppress the noise and make
both loop robustness and the loop filter parameters
easily configurable. And the timing error spectrum
after pre-filtering is shown in Fig.4.

Timing error spectrum (x10°)
w

o —_
F“““ﬂ. . o .

-1 -0.5 0 0.5 1

Normalized frequence ()

Fig.4 Timing error spectrum with pre-filtering

Just as shown in Fig.3, the timing error focuses
most information on the low frequency range while
the noise focuses on the high frequency range. So the
key parameter of the pre-filter is the bandwidth. After
the bandwidth has been properly chosen, most in-
formation on the timing error has been reserved and
most parts of the noise have been suppressed as
shown in Fig.4.

Frame synchronization

A differential correlation based frame synchro-
nization algorithm is given in (ETSI, 2005), in which
the total 57 correlation information is utilized (in-
cluding 25 correlations in SOF field and 32 correla-
tions in PLSCODE field).

Under low SNR environment, the algorithm
proposed in (ETSI, 2005) generates many pseudo
peaks which are shown in Fig.9 and turns out to be too
short to provide reliable convergence at low SNRs by
using the 57 correlations.

Since the SOF is known, and only the informa-
tion on adjacent correlation is used, SOF information
was not utilized sufficiently. In this paper, we
strengthen the former algorithm by using the structure
shown in Fig.5 with the detection expression being
shown in Eq.(5):

location = arg{max[sum(n)]},

n

sum(n) = ZL:{

P-1
D or(n+ M +2i+1)r (n+ M +2i)c(l)

i=0

©)

Mi]r(n +m+1Dr"(n+m)c(m,l)

I

+
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detector

Fig.5 Frame synchronization detector

where M is the SOF length which is 26, P is the length
of PLSCODE which is 64, c(m,/) denotes the taps of
the differential correlation, L is the maximum corre-
lation interval. Compared with the proposed algo-
rithm in (ETSI, 2005), the computation complexity
increases with L. The taps associated with shift reg-
ister for computing the correlation should follow
these steps:

(1) Set all the registers to zero.

(2) Shift the modulated SOF and a modulated
and scrambled code word of PLSCODE into the
circuit.

(3) Once the lowest registers become nonzero,
the tap associated with a register is just the complex
conjugate of the coef.

Given that the modulated SOF and PLSCODE
take only £1, 4j, the taps only take these four possible
values as well. Obviously, if L=1, the algorithm we
propose reduces to the one given in (ETSI, 2005).

The output is then further processed by a peak
search algorithm. The conventional approach is to
compare the output correlation sum with a predeter-
mined threshold. If the value is larger than the
threshold, it is a possible PLHEADER location and
can be called the candidate. And the post verification
is based on the detection of the location at a distance
L which belongs to the set {32490, 33282, 21690,
22194}. Comparing with the strategy proposed in
(Sun et al., 2004), we do not utilize the PLSC to ver-
ify that the PLSC can tolerate large noise but is very
sensitive to the carrier frequency offset (the range is
less than 2.5x107°f,), especially, while the frequency
carrier recovery unit is preceded by the frame syn-
chronization, the residual frequency offset is much
higher than 2.5x10°f,.

Frequency recovery

Many algorithms have been designed for fre-
quency detector (FD), e.g. the maximum-likelihood
based Gardner frequency detector (GFD) proposed in
(Gardner, 1990) and the reduced version reduced
complexity frequency detector (RCFD) (Karam and
Sari, 1995). These two algorithms need modification
of the matched filter, which will increase the com-
plexity and hardware expense. The algorithm pro-
posed in (Mengali and D'Andrea, 1997) can only
utilize 26 information symbols in SOF field and is
constrained by the number of the information sym-
bols per-frame; it will spend more time to reach the
frequency synchronization.

In this paper we propose a novel FD algorithm
which does not require the PLHEADER information.
The only required information is the position of the
PLHEADER with the derivation of the algorithm
being shown below.

Suppose tr(k)=aos(k)exp(j2nf.kT), where tr(k) is
the transmission signal, the difference between the
adjacent symbols s(k) and s(k—1) is +n/2 caused by the
7/2 BPSK modulation, we have

Im {tr> (k)[tr> (k = )] } = Im{— 4* exp(4nf.T)}

6
=—A"sin(4nf.T), o)

where Im{} and []" denote imaginary part and con-
jugate, respectively.

Modified tr(k)=aos(k)exp(j2nfkT)+n(k), and
denote n(k)=nfk)+jny(k), the term trz(k) can be ex-
tended as follows:

tr’ (k) =[a,s(k)exp(j2nf.kT)} +n* (k)
+2n(k)a,s(k)exp(j2nf kT)
= [ays(k) exp(j2nf k)] + {[n] (k) — ny (k)]
+2jn, (k)ny (k) + 2n(k)a,s(k) exp(j2nf.kT)}.

()

Useful output of the algorithm is the loop filter
output which equals the average over many samples,
not the value of an isolated sample, then the noise
generated by the marked terms will be filtered out,
whose remaining term is of the form

Avg o (k)1 (k=D]'} = Avg{tr® (k) Avg{[tr* (k= DT'}
=—A" exp(4nf.T). ®)
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Based on Eq.(6), the frequency detection error yields

E{e(k)} = E{Im[r* (k)[r* (k= D]']}

i ©
=—A"sin(4nf.T),
where 7(k) is the received signal after AGC, and 4 is
the amplitude of the symbol.

The frequency acquisition range is equal to the
range of the algorithm given in (Mengali and D'An-
drea, 1997), but the frequency error information ac-
curacy of the new algorithm can be greatly improved
and does not require any information symbol.

With PILOT and PLHEADER information be-
ing utilized, the convergence speed can be greatly
improved. And the number of training symbols in-
creases up to 90, which increases the accuracy and the
robustness of the estimation.

Phase recovery

The MPSK modulated signal can be demodu-
lated using M-power Costas loop, which can increase
the hardware expense greatly when M is large. A
feed-forward maximum-likelihood phase compensa-
tion based algorithm is proposed by Sun et al.(2004).
But the algorithm can work only if the residual fre-
quency offset is lower than 3.5x107'; after FD which
is difficult for FD unit to reach such a criterion at low
SNR.

In this paper, the polarity-type Costas loop has
been adopted by van der Wal and Montreuil (1995)
and Huang ef a/.(2004), whose expression is

e()qpsk =s[L(D]O() —sgn[Q(N)]1 (). (10)
But it is only suitable for QPSK. The modifications
must be done for 8PSK as follows

—sgn[QO (1), if |O@)|>2.414]1(1),

e()gpsx =4 sg[1(N]0(), if |O(1)| < 0.414|1(r)
sgn[1(1)]10(t) —sgn[Q(N)]I (1), else.

QY

We also present further modifications to the

above algorithm as shown below. Denote S=I*(f)—
Q°(t) and Sp=21(QO(f), we yield that

>

e(f)opsk=sgn(So)Sr, (12)

if |S,|>|SQ|,

else.

(13)
sgn(Sy)- S,

sgn(S,)-S,,
e(Nspsk :{ en)

We do not adopt high power phase recovery
algorithm, which can not only greatly increase the
hardware expense, but also be a high energy con-
sumption solution. Since the low energy consumption
design is one of the most critical parts in DVB-S2
scheme, lower power less than 2 is an optimization
solution.

SIMULATION RESULTS

Timing synchronization

The timing errors after loop filtering with and
without pre-filtering are shown in Fig.6 and Fig.7
respectively. The jitter in Fig.6 has been greatly de-
creased and the pre-filtering has effectively sup-
pressed the noise. In our simulation, pre-filtering
bandwidth being 5~6 times that of the loop filter
bandwidth is optimal. Fig.8 shows the performance of
the timing synchronization in terms of the RMS of the
residual timing frequency error.
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Fig.6 LPF output without pre-filtering
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Fig.7 LPF output with pre-filtering
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Frame synchronization

In Eq.(5), the parameter L should be properly
selected. With the increase of L, performance of the
candidate frame synchronization algorithm can be
greatly increased. But considering the hardware ex-
pense, there should be tradeoff between the per-
formance and the expense. In our simulation, we
choose 7. Performance of the candidate is shown in
Fig.9. The simulation is performed with 1.0 dB SNR
and 0.2f; (the maximum tolerable frequency offset of
the Gardner timing algorithm) residual frequency
offset.
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Extensive computer simulations have been
performed. Table 1 summarizes the mean time and
the time with 99.9% confidence to acquire frame
synchronization under the environment with 1 M
symbol rate, —0.5 dB Ey/N, and 0.2f; carrier fre-
quency offset.

Table 1 Time to frame synchronization

Mean time Time with
Modulation Method (ms) 99.9% confi-
dence (ms)
QPSK SOF 250 512
QPSK SOF+PLSC 182 406
8PSK SOF 262 532
8PSK SOF+PLSC 196 420

Table 2 gives the mean time to acquire frame
synchronization under environment with —2 dB E/N;
and different symbol rates. It shows clearly that by
sufficiently utilizing the PLHEADER, the acquiring
time can be greatly shortened. Comparing with the
performance proposed by Sun et al.(2004), significant
improvement has been obtained.
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Fig.9 Candidate algorithm performance with different L’s. (a) L=1; (b) L=3; (¢) L=5; (d) L=7
Middle subfigures and top subfigures denote the correct and the candidate positions, respectively. Bottom subfigures
are the ones combined with the correct position (amplitude is 1.0) and candidate position (amplitude is 0.5)
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Table 2 Time to frame synchronization with different
symbol rates

Mean Time with
Modulation ~ Method Vea 99.9% confi-
time (ms)

dence (ms)
QPSK SOF 21.5 76.9
QPSK SOF+PLSC 19.3 56.5
8PSK SOF 232 80.3
8PSK SOF+PLSC 20.7 61.2

Frequency recovery

Computer simulations were conducted to test the
carrier recovery algorithm for pilotless modes in the
presence of strong AWGN and the phase noise
specified by DVB-S2. The received signal has a 25 M
symbol rate and a 5 M frequency offset. Fig.10 shows
the RMS frequency error of the FD unit operating on
QPSK frames in the pilotless mode. Autocorrelation
is accumulated only on 57-symbol PLHEADER. At
—2 dB, the RMS error is 1.2x10"*; over 20 frames.
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Fig.10 Performance of frequency recovery unit

Phase recovery

The phase error and the residual frequency offset
can be cancelled by PFD loop after the FD loop locks.
Under the condition of AWGN, we should consider
the tradeoff between the convergence speed and the
stability error, including the capability of combating
the white noise and the phase noise. We adopt
Egs.(10), (11) and Egs.(12), (13) into acquisition
process and tracking process respectively. Further-
more, in each modulation mode, there are two sets of
filter parameters for the acquisition process and the
tracking process respectively. Table 3 summarizes the

performance of the phase recovery algorithm with
phase noise and without pilots.

Table 3 Phase recovery performance

Mode SNR (dB) RMS (°)  Cycle-slip rate
QPSK 0.3 3.18 <108
8PSK 5.0 3.05 <107®

System performance

The ultimate goal of the receiver design is not to
degrade the performance of direct decision when
compared with ideal AWGN channel. The curves of
the QPSK and 8PSK SER vs SNR are shown in
Fig.11 and Fig.12 respectively. It can be easily seen
that the SER curve of the simulation results ap-
proaches the theoretical one, especially at low SNR.
But with the increase of the SNR, the simulation SER
curve departs from the theoretical one because of the
quantization precision.
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The inner receiver connected with the LDPC
decoder was extensively simulated to verify the final
performance. The performance of MPEG PER
(packet error rate) in the presence of the phase noise
in AWGN channel is shown in Fig.13 and Fig.14.
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Fig.14 Performance of 8PSK
CONCLUSION

In this paper we have considered the systematic
design of inner receiver algorithms for DVB-S2 based
transmission systems. Taking into account the
physical layer frame structure of the DVB-S2 sce-
nario, we have derived algorithms with close-to-
optimum performance while providing robust and fast
acquisition. Simulation results showed that the re-
ceiver does not degrade the performance when com-
pared with ideal AWGN channel.
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