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Abstract 

The characteristics of a DRM pass-band signal allow to 
implement a real-time software receiver on a conven- 
tional personal computer. In this paper we propose a 
possible structure for such an implementation. Algo- 
rithms for channel estimation and equalization as well 
as methods for synchronization are shortly described to- 
gether with their relevance for the entire system. The 
performance of the system is then evaluated by simula- 
tion. 

1 Introduction 

DRM is a new OFDM-based digital radio standard for 
the long-, medium- and short-wave ranges which was 
formed by an international consortium [I]. It is designed 
to use the same frequency allocation as the current ana- 
logue systems with the aim to replace it owing to the ad- 
vantages of the new digital system. The perceived audio 
quality is much better and additional digital information 
can be transmitted. Four transmission modes (so called 
robustness modes A-D) and different system bandwidths 
are defined to cope with different allocation schemes and 
channel conditions. The bandwidth of a DRM pass-band 
signal is less than 20 kHz and the number of carriers 
used in the OFDM-modulation is relatively small (max. 
460). These features motivate a real-time software im- 
plementation of a DRM receiver on a conventional per- 
sonal computer (PC) using the sound card as the input 
and output device. An object oriented approach using 
C++ is advantageous to handle the complexity of the 
DRh4 standard. 
To cope with the time variant transmission channel, 
channel estimation and equalization is required. Very 
good performance was achieved using separate Wiener 
interpolation in time and frequency direction [6]. These 
results are compared to simpler structures. 
Additionally, to receive a digital data stream, synchro- 
nization is mandatory [2] ,  [3], [4]. The frequency offset 
needs to be estimated and corrected and also the sym- 
bol timing has to be adjusted. We distinguish between 
two operation modes, the so called tracking mode and 
acquisition mode. First, in an acquisition step the initial 
offsets are estimated roughly so that as a second step the 
tracking algorithm can be used to achieve low residual 
errors. 
Finally, we evaluate the performance of the resulting re- 
ceiver. The DRM standard specifies test channels as the 

environment to use for,simulation. We will report on bit 
error rate simulations on these channels. 
The paper is organized as follows: in Sec. 2 the system 
model considered is presented. Channel estimation is 
covered in Sec. 3. The different synchronization algo- 
rithms are presented in Sec. 4. Sec. 5 deals with the im- 
plementation of the algorithms covered in the previous 
sections. The performance of the complete receiver is 
analyzed by computer simulations in Sec. 6. 

2 System Model 

We assume an OFDM signal s ( f ) ,  which is transmitted 
over a time variant channel and disturbed by white Gaus- 
sian noise. Transmit and receive filters and channel to- 
gether yield the impulse response h(7, t ) .  At the receiver 
this signal is sampled with the sample rate fs = and 
yields the received signal samples: 

M 

r"=ejZnfonT h , ( n ) s ( ( n - m ) T ) + n , ,  (1) 
m=0 

where the channel is assumed to have limited support of 
M samples (shorter than the length of the guard interval 
NE). h,(n) = h(mT,nT) and n, are the white Gaussian 
noise samples. The frequency offset between transmitter 
and receiver is fo. Assuming a correctly placed DFT 
in the intersymbol-interference (ISI) free region of the 
received signal r, and only a small residual frequency 
error A f ,  we demodulate the OFDM symbol k and get 
for sub-carrier index 1: 

where N is the length of the DIT, Ns = N + Ng is the 
length of one OFDM symbol in samples, H ~ , J  is the chan- 
ne1 transfer function for sub-carrier 1 including time- 
invariant phase offsets due to frequency offsets, X k , l  is 
the transmitted data symbol and Rk,J  is the white Gaus- 
sian noise plus the intercarrier-interference (ICI) caused 
by the loss of orthogonality due to time variations of the 
channel and the frequency offset. The frequency error 
A f  and the sample rate offset 6 = 9 are incorporated 
into the phase $1 = A f N T  + ( l .  

3 Channel Estimation and Equal- 
ization 

Due to the time variant and frequency selective nature 
of the channel encountered on DRM transmissions, the 
channel has to be estimated continuously and its influ- 
ence on the data transmission eliminated. This is done 
by using the known scattered pilots c transmitted in 
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the OFDM signal. These pilots represent noisy esti- 
mates of the channel transfer function at their respec- 
tive positions. After transmission over the channel and 
assuming correct synchronization we get (see Equ. 2): 
zp,~ ,  = cp,pHp,1, + np,Ir, where 2 and 1' are the pilot po- 
sitions in time and frequency. For equalization these es- 
timates have to he filtered to remove the noise and inter- 
polated to get the channel transfer function on all OFDM 
caniers. 

3.1 Wiener Interpolation 
The optimal solution to this problem is the two dimen- 
sional Wiener interpolator [6] that can be computed if 
the channel statistics are known: 

n = R ~ ~ R G I ~ .  = wi., (3) 

where RHE is the cross-covariance matrix with elements 
%ek,, =E{Zf&l,} =r(k-k',1-1')  andRaistheauto- 
covariance matril; of the pilots with elements r e f ,  ,,, = 
E{&, , l~rc , , , }  = r(2' -!-!,I" - 1') and r(A!qAl) the iwo- 
dimensional auto-correlation function of the channel [2]. 
The coefficients of the Wiener interpolator are w. Unfor- 
tunately, the channel statistics are in general unknown at 
least at the beginning of reception so that only a worst 
case assumption on the channel is possible. The sec- 
ond problem is that two dimensional filtering requires a 
prohibitively high effort. Thus, the 2D Wiener interpo- 
lator is separated into two ID filters. This can he done 
without noticeable performance penalty [6] because the 
auto-correlation function of the fading channel process 
is separable: 

r(A!f,Al) = rfd(Ak)rT(A1) (4) 

where r, is the correlation in frequency direction (due 
to the delay spread) and rjd is the correlation in time 
direction (due to the Doppler spread). 
For the ionospheric channel the Doppler spectral density 
is usually modeled as Gaussian with bandwidth 20d and 
the delay profile consists of a number of distinct paths 
that are independently fading (WSSUS model). We as- 
sume worst case channel conditions with the highest 
Doppler spread  IS^- possible for the given pilot den- 
sity and a uniform delay power profile with a maximum 
delay spread equal to the OFDM guard interval: 

rXm(A1) = sinc A1- ( 3 
We first interpolate the pilots in time direction and after- 
wards in frequency direction. 
The channel statistics, the signal to noise ratio (SNR) 
and the number of taps of the Wiener interpolator deter- 
mine the minimum mean squared error (MMSE) of the 
estimate. Furthermore, if there is a model mismatch the 
mean squared error (MSE) will he higher. We analyzed 

the MSE and found only a weak dependence on the SNR 
and a noticeable dependence on the actual channel corre- 
lation, but the loss was tolerable if the handwidth of the 
filter was chosen according to the worst case conditions 
given above. 
During channel estimation it is possible to estimate the 
actual time and frequency correlation of the channel and 
adapt the Wiener interpolators to achieve an even lower 
MSE. 

3.2 Sub-optimal Interpolation 
The Wiener interpolators require a fairly high processing 
power so we looked for alternatives to reduce this load. 
In time direction for a lot of channels linear interpolation 
seems sufficient if in frequency direction a Wiener inter- 
polator is employed to improve the SNR of the estimate. 
For the interpolation and noise reduction in frequency 
direction some papers like [7] propose DFT based algo- 
rithms. The main drawback despite their simplicity is the 
large estimation error on the edges of the OFDM signal 
due to the DFT used in these algorithms that assumes the 
channel to be periodic in frequency, which it is of course 
not. The suggested use of a window function does not 
improve the MSE much, it is still a lot higher than with 
the Wiener interpolator so we decided not to use a DFT 
based interpolation. 

4 Synchronization 
The synchronization of a DRM stream is divided into 
different procedures. The most common operations are 
the frequency synchronization and the OFDM symbol 
timing. However, for DRM additional synchroniza- 
tion is needed. The OFDM symbols are bundled up in 
frames. These frames are always 400 ms long. The first 
OFDM symbol of each frame contains additional pilots 
for frame synchronization. To be able to perform the 
channel estimation and de-map the OFDM multiplex, the 
receiver must know the heginning of a frame. 
Another problem is the existence of the different rohust- 
ness modes which differ in the main parameters like car- 
rier spacing & or guard interval length Ng. Except of 
the frequency acquisition all other units need the mode 
to be detected first. 
The proposed synchroniiation strategy is as follows: the 
first step is to acquire a coarse frequency offset estima- 
tion. This is possible without having knowledge about 
the current robustness mode because it is based on three 
frequency pilots which are common for all robustness 
modes. The next step is to detect the robustness mode 
and perform timing acquisition. Both algorithms uti- 
lize a correlation based on the received signal. Since 
the DRM standard defines different possible bandwidths 
and we do not know the correct one at this'point, we 
have to assume the smallest one possible to make sure 
no other signal interferes our estimation process. Thus, 
the received signal is filtered with a pass-band filter hav- 
ing a bandwidth of the narrowest DRM mode and having 
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a center frequency defined by the frequency acquisition 
before calculating the correlation. Since we have a hand- 
pass signal at this point, we design the filter as a Hilbert 
filter to get the analytic complex base-band signal. 
After determining the right robustness mode and the 
timing, the useful pan of the OFDM signal can be ex- 
tracted and demodulated. At this time the frequency 
offset tracking can he activated since it also uses the 
independent frequency pilots. Now the beginning of a 
DRM frame needs to he detected. Having the informa- 
tion about the frame position, the channel estimation and 
timing tracking can he started. 
An additional sample rate correction is needed since the 
PC sound cards can have large sample rate offsets which 
degrade the receiver performance [3]. 
The resulting structure of the receiver is shown in Fig. I .  
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Figure 1: Structure of the receiver. 

In the following sections all synchronization algorithms 
are explained in detail. 

4.1 Frequency Acquisition 
The frequency acquisition is based on 131 but improved 
for fading channels. First, we average the estimated 
power spectral density of the received signal: 

where r, is the received signal at time index n and N F ~ A ~  
is the number of spectra used for averaging. The corre- 
lation of the known pilot positions with Rk,l results in 

with 

pfac(i) = 4 pf(i) (2 + 1) , (9) 

where p f ( i )  are the carrier indices of the frequency pilots 
tabulated in [I]. 
Considering the attenuations in the spectrum of fre- 
quency selective channels, the peak detection can be im- 
proved by normalizing the correlation result a k , I  to the 
signal power. The power can be approximated by low- 
pass filtering the signal a k , ,  along the frequency axis re- 
sulting in a signal o& The final frequency acquisition 
estimate is given by: 

4.2 Timing Acquisition 
The cyclic prefix of an OFDM signal can be utilized in 
a timing acquisition algorithm [SI. Based on the ML 
criterion the following algorithm is derived: 

e=, 

The ML estimate of the timing phase is then iML = 
argmaxi{h(i)}. For a time dispersive channel we ex- 
pect several maxima for all the distinctive paths, so we 
have modified this estimate to take this into account and 
collect the energy over the guard interval time 121: 

4.3 Robustness Mode Detection 
The robustness mode detection is based on the guard in- 
terval correlation which is also utilized in the timing ac- 
.quisition in Equ. 11. We calculate the correlation using 
the system parameters for each robustness mode sepa- 
rately. The idea is that distinct peaks being one symbol 
interval apart will show up in the correlation result if the 
correct parameters were chosen. To detect this periodic 
signal, we propose to correlate the result with a cosine 
function of the frequency fc = &: 

where N R ~ D ~  is the number of symbols used for detec- 
tion. The robustness mode whose system parameters 
maximize the value p is chosen. 

4.4 Frame Synchronization 
The frame synchronization utilizes the time pilots in- 
serted at the beginning of each DRM frame. These pi- 
lots are located in groups so that we can divide them into 
pairs of pilots being direct neighbors. We now assume 
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that the channel is identical at adjacent pilot positions, 
i.e. Hk,pt(i) Hk,pt(i)+l, where pt(i) denotes the position 
of the first pilot of a pair. With this assumption we can 
eliminate the channel and calculate the squared distance 
between the received cells and the pilot cells: 

. .  
where LT is the number of pilot pairs. The exponential 
term compensates for the target timing position of the 
timing acquisition which is in the middle of the guard 
interval. The beginning of a frame is found if the total 
squared error {y(k), k = 0,. . . ,Nfca} is minimum, where 
Nfr, is the number of symbols in a DRM frame. 

4.5 Frequency and Sample Rate Offset 
Tracking 

In [9], a frequency estimator is derived which is suitable 
for frequency tracking in frequency selective channels: 

(15) 
where d = 2nAf and p f ( j )  are the positions of the fre- 
quency pilots. This estimator is utilized to track the three 
(LF = 3) frequency correction pilots in the DRM signal. 
The estimation is based on the frequency error depen- 
dent phase increment between successive symbols. The 
parameter fa,, shall mean that the output of the FFT unit 
is based on the initial frequency offset estimate done by 
the acquisition unit (see Equ. IO). 
The sample rate offset estimator uses the frequency off- 
set estimation of each of the three frequency pilots. It 
calculates the difference between two pilot frequencies 
and relates it to the desired one. This can be written as: 

The variance of the sample rate estimation is much 
higher than the frequency offset estimation since very 
small frequency differences are analyzed. This draw- 
back can be compensated by a closed loop structure. 

4.6 Timing Tracking 
The timing estimation obtained from the guard interval 
correlation has a high variance and is not very reliable 
since only a fractional part of the useful signal is uti- 
lized, A reliable timing is very important for the per- 
formance of the receiver since timing offsets can cause 
inter-symbol-interference (ISI) or even cause the syn- 
chronization to get lost. To improve the timing, we use 
a method described in [4] which is based on the results 
from the channel estimation. If we transform the esti- 
mated transfer function & J  at symbol index k multiplied 

with a Hamming window function {will = 0,. . . ,N - l} 
into the time domain and do an averaging over NT,T~ 
frames, we get an estimation of the channel power de- 
lay profile: 

From { & ( k ) , m = O , . . . , N -  l},anestimateoftheoffset 
of the first path delay can be derived by detecting the first 
peak which is above a certain bound. This bound is intro- 
duced to make the estimation less sensitive to SNR and 
to reduce the probability of selecting a noisy or noise- 
only path. Hence, the estimated first path time delay is 

-~?(k)=~mm{ml&,(k)  1 .  > r , a n d ~ ~ ( k ) > ~ m + ~ ( k ) } ,  

r = m a x  { S,, ~ .1o-i4h7,L. IO&} (20) 

(19) 
where the bound r is defined as 

and s,, and &in are the maximum and minimum val- 
ues of .!?,,,(k), respectively. Good results were achieved 
by setting both rI and rz to 25 dB. 

5 Implementation Issues 
A DRM receiver consists of different logical units, e.g. 
OF'DM-demodulation, channel decoder or demultiplexer 
[I], which we will call modules in the following. Each 
module is defined to work frame-wise where the size of 
the frames need not be the same in all modules. There- 
fore an intermediate buffer must be provided for manag- 
ing the data transfer between different modules. To sep- 
arate the specific implementation of a module from the 
standard task of organizing the data transfer between the 
modules, an object-oriented implementation was chosen. 
Furthermore, this type of implementation increases the 
cleamess and provides an easier maintenance of the re- 
sulting code. 
Using the C++ language it is possible to implement the 
data transfer in a base class and derive all modules from 
that class inheriting its functionality. The task for the 
base class (we call it CModule) is to check the input 
intermediate buffer whether enough data is available or 
not. If data is available, the processing routine of the de- 
rived class is called. It produces an output which again is 
stored in the intermediate buffer for the following mod- 
ule: This huffer is implemented in a separate class called 
CBuffer. This buffer can be a cyclic buffer if the frame 
sizes of the different modules are not the same or if the 
frame sizes change with time, e.g., in the sample rate 
correction module. If both modules have the same frame 
size the CBuffer object is simply a vector. The resulting 
framework is illustrated in Fig. 2.  
The software runs in real-time on a 700 MHz Pentium Ill 
PC. Currently the software is not optimized to utilize the 
SIMD instructions modem processors offer like MMX 
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CModule 

.._ _.. 

Figure 2 Illustration of the dependency between CMod- 
d e ,  Cb'ufer and derived modules. 

or SSE. A profiling analysis of the software indicated 
that the run time behavior is mostly determined hy the 
Viterbi algorithm running in the multilevel decoder. 

6 Simulation Results 
The simulations are made in compliance with the par- 
ameters' used in Annex A of the DRM standard [l]. The 
channels are WSSUS and defined in this standard, where 
channel 1 is AWGN and channel 2 is a very slow fading 
channel. The channels 3-5 are fast fading channels. The 
encircled marks in Fig. 3 indicate the required SNR to 
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Figure 3: Overall receiver performance. Robustness 
mode A is used with the channels 1 and 2, mode B for 
the channels 3-5. The markers at an SNR of are the 
results for ideal channel estimation and synchronization. 

achievea BER of for these channels assuming ideal 
channel estimation and synchronization. 
We simulated the overall tracking performance of our re- 
ceiver. As seen in Fig. 3, the curves for the slow fad- 
ing channels are very close to the values given for ideal 
channel estimation whereas on fast fading channels we 
loose approx. 1 dB. This loss is due to the fast fading 

'The parameten are M-QAM modulation, code rateR = 0.6, long 
cell interleaving (appmx. 2 s) and a bandwidth of 10 kHz. The sig- 
nal power includes pilots and the guard interval. the noise bandwidth 
equals the nominal signal bandwidth. Robustness mode A is used for 
the channels I and 2, mode B for the channels 3-5. 

that causes more noise in the channel estimation and ad- 
ditional noise owing to ICI on the demodulated symbols. 

7 Conclusion 
In this paper we presented algorithms for synchroniza- 
tion. and channel estimation needed to decode a DRM 
stream. Additionally, we addressed some implementa- 
tion issues. 
An open source project implementing a software DRM 
receiver [lo] successfully utilizes the described system 
proposal. Several tests with live DRM transmissions 
showed that the acquisition and tracking performance as 
well as the channel estimation are sufficient for decoding 
DRM. 
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