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ABSTRACT

Two pew methods using an FM-radio channel for transmission of
digital data to mobile terminals are examined:

1. A modification of the radio data system (RDS)

In RDS, additional digital information is multiplexed with a stereo
sound signal. A new system is suggested where the data signal can be
multiplexed with a mono audio signal. This causes extension to the
bandwidth available for the data signal, and therefore the RDS bitrate
can be increased. Error calculations are performed both for the
original RDS system and for the new system.

2. Orthogonal Frequency Division Multiplex (OFDM)

OFDM is used in the Digital Audio Broadcasting System (DAB),
which is designed to transmit digital audio in the FM band. In OFDM
a signal is divided over a large number of 2- or 4-PSK modulated
orthogonal subcarriers. The subcarriers of 6 different programmes are
multiplexed in one beam to reduce the effects of frequency selectivity
of the transmission channel.
A new system based on OFDM is proposed, in which the carriers of
each programme are transmitted in one FM-channel with a bandwidth
of 200 kHz instead of multiplexed with the carriers of other
programmes. Error calculations are performed for the subcarriers used
in the OFDM modulation method.

I. INTRODUCTION

In our society distribution of information has become very important,
50 it is also important to find new ways to transmit information to a
large number of people. One way of information distribution is
broadcasting digital data to a large number of receivers, where the
data is processed and displayed on a monitor or TV-screen. Teletext
is a system that performs this kind of data distribution. But since
teletext can only use part of the TV bandwidth, it has a limited
capacity. Already companies, like the insurance company "Centraal
Beheer" in the Netherlands, are hiring teletext capacity to transmit
information to their customers. And if more companies will start doing
this, the capacity will soon be too small. That is why we have to find

new ways of transmitting the information.

Other companies that could be interested in data broadcasting are
Railway Companies. They could use the system to transmit
information about arrivals, departures and delays of the trains to
terminals on each station or even to terminals in the trains, to inform

the passengers.

In this paper new systems are investigated, that could use the present
VHF-FM system for broadcasting digital information to mobile
terminals. The VHF-FM system has the advantage that mobilc FM-
receivers are already available, and the VHF-FM signal can casily be
received in a mobile environment.
Two possible systems are suggested:

1. a modification of the Radio Data System (RDS).
In present VHF-FM systems the RDS signal with a bandwidth of 4.8
kHz is multiplexed with the stereo radio signal. If only the mono radio
signal is transmitted and the pilot tone is suppressed, a larger
bandwidth is free for data transmission. Then the bandwidth of the
RDS signal can be extended, and the bitrate of the RDS data stream
can be higher.

2. a system which uses the full bandwidth of an

FM-channel (200 kHz) for data transmission.

Here a new system is proposed, which uses a modified version of
OFDM (Orthogonal Frequency Division Multiplex). The OFDM
technique is also used in Digital Audio Broadcasting (DAB), for
modulation of the data signal. The DAB system is developed for the

transmission of digital sound.

The outline of this paper is as follows. The modified RDS system is
described in section II. In this section also some error calculations are
performed for both the present RDS signal and for the modified
version. Before the modified OFDM system is described, first the
DAB system and OFDM are reviewed in section III. Then section IV
describes the system which uses a modified version of OFDM for
transmission of data over an FM-channel. Also, in section IV some
error calculations are performed. Finally, conclusions are given in

section V.
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Figure1 The spectrum of the FM stereo signal with additional
RDS data

II. NEW RADIO DATA SYSTEM

In the present radio systems the Radio Data System (RDS) is used to
transmit  additional digital information in the FM-band: traffic
information, programme information etc. [1}-[3].

RDS has a bitrate of 1.1875 kbit/s and the bandwidth of the
modulated signal is 4.8 kHz. In the RDS system the digital RDS data
modulates a 57 kHz subcarrier, which is added to the stereo multiplex
signal. The spectrum of the stereo signal in combination with the RDS
data is given in fig. 1 [2].

The RDS signal is modulated in three steps: first differential coding
of the RDS data stream, followed by biphase coding and finaily
filtering to reduce the bandwidth of the generated pulses. Figure 2
shows the three coding steps and the resulting signal [2].
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Figure 2 Coding of the RDS signal

A. MEAN ERROR PROBABILITY OF THE RDS SIGNAL
The noise at the output of the FM receiver has a quadratic spectrum:
2

oM - %, )
where 7 is the positive-frequency power density of the noise, f is the
operating frequency, and Sy is the power of the received signal [4].
Equation (1) holds for noise-limited networks. However, FM-
broadcast networks have become more and more interference limited.
In our computations the interfering signals are assumed to behave as
bandlimited white Gaussian noise with bandwidth By=200-300 kHz.
The corresponding signal-to-noise ratio Sg/N; is set equal to the
carrier to interference ratio (C/I-ratio or protection ratio) yq [S]. For
a given y, in the channel the equivalent spectral density of the
interference signal is

N, S
S . )
By  Y,B;

where N; is the noise power. After detection this leads to a noise

spectrum in the form of equation (1).

The FM noise spectrum is approximated as a flat spectrum in the
relevant range of the RDS sub-signal (54.6-59.4 kHz). The post
detection noise spectrum for the RDS signal is then approximated as

", f,. 2 - 1 £2 3)
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where f is the frequency of the RDS subcarrier (57 kHz).
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The RDS signal is antipodal [2). Wozencraft and Jacobs [6, pp. 250]
give the bit error rate for antipodal signals with additive white

Gaussian noise for a given y:

2E, (C)
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Here Ny is the noise power, which is defined as ¥iNy=0,2 [6), 0, is

the variance of the noise, and E; is the signal energy.
E=Er,=%f, ,RDSZ Tyry, and Ng=ngpgry, where Ey, is the energy per
bit, r, is the bitrate, f, ppg is the frequency deviation of the RDS

signal, and T, is the bit duration. Now it is found that
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To calculate the mean bit error rate for transmission of data to mobile

Ple] = Q

terminals, Rayleigh fading is assumed in the RDS channel. Then the

average bit error probability is:
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If equation (6) is rewritten using the error function erfc(..) instead of
Q(..), and some calculations are performed which can be found in
Proakis [7, pp. 716 and 717}, then the result is:

P = 11- | L ™
2 2+cy,

In fig. 3 the results of this calculation are given for different values of
the average C/I-ratio, using the following parameters: f, gps=7.5kHz, .
L, =1/, =1/1.1875x10°, £, ?=57 kHz. Here we see that for an

increasing bandwidth the mean bit error rate decreases.
In these computations the FM-threshold effect has not been taken

into consideration for simplicity.
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Figure 3 Bit error ratio of the RDS signal in a Rayleigh fading

channel

a) bandwidth = 200 kHz

b) bandwidth = 300 kHz

B. NEW DATA SYSTEM BASED ON RDS

In the present radio systems the frequency band from 0 to 53 kHz in
the baseband is reserved for the stereo radio signal, and only the band
above 53 kHz remains for the transmission of RDS data. Now if the
pilot tone is suppressed and the mono signal is transmitted in the
band from 0 to 15 kHz, as usual, the FM-receiver can only
demodulate the mono signal and will ignore the information in the
rest of the band. In that case the frequencies above 23 kHz can be
used for transmission of an extended RDS signal (fig. 4). The
frequency band from 15 to 23 kHz has to remain free to make sure
the receiver does not detect a pilot tone.

For FM-broadcasting in the VHF-band the maximum instantaneous
frequency is defined in the CCIR Recommendations [8] to be 76 kHz.
Now the frequency band from 23 to 76 kHz is available for
transmission of data. If this bandwidth is used in full, the bandwidth
of the modulated data signal will be 53 kHz. For the original RDS-
signal, where the bandwidth is 4.8 kHz, the bitrate is 1.1875 kHz. So
if the same spectral efficiency can be used for the data signal with a
bandwidth of 53 kHz the bitrate of the new system will be
(53/4.8)x1.1875=13.1 kbit/s.

This system could be very interesting for commercial radio stations.
These stations could decide to transmit their programs in mono, and
supplement their income by renting the data transmission capacity to

interested parties.
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Figure 4 Baseband spectrum of the mono radio signal

multiplexed with a data signal
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C. MEAN BIT ERROR RATE OF THE DATA SIGNAL

For frequency modulation the noise spectrum at the output of the
detector is quadratic. In the original RDS system the noise spectrum
within the relevant bandwidth is approximately flat. But for the new
data system there is a large difference in the noise between the lower
and the higher frequencies.
Now the bandlimited RDS signal will be differentiated before it is
transmitted and the resulting signal is phase modulated. Then after
detection and integration the additive noise has a flat spectrum [4):
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The spectral density of the interference signal is the same as in

equation (2).

Now the noise spectrum of the data signal can be approximated as
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And the bit error rate becomes:
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Here we used E =":¢ A,dalzz Ty, For the Rayleigh fading channel the

average bit error probability is written as
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with ¢* = 24, o2 T,B;
where ¢, 4, iS the frequency deviation of the phase modulated data
signal, and By is the transmission bandwidth (200 kHz). Following the
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same computations as in egs. (6) and (7) we find the mean bit error

probability for the data signal:
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In these equations ¢, 4y, is calculated using the relationship
Br=2(¢, +1)W, where W is the bandwidth of the baseband channel
[4]. Using the full baseband channel bandwidth W=76 kHz, we find
&, = 0.32 radian. If the bandwidth is the same as in the FM stereo
multiplex signal (W = 60 kHz) we find ¢, =0.66 radian.

In fig. 5 the mean bit error rate of the data signal is given as a
function of the C/I-ratio (carrier to interference ratio), for an FM-
channel with a bandwidth Br=200 kHz and for ¢, =0.32 radian, for
different bitrates. In this figure it is shown, that for an increasing
bitrate the mean bit error rate also increases. In fig. 6 the mean bit
error rate is calculated for ¢, =0.66 radian. From figs. 5 and 6 it is
obvious that for an increasing phase deviation the mean bit error rate

decreases.
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Figure § Mean bit error rate for the phase modulated data
signal with ¢, = 0.32 rad
a) bitrate = 25 kbit/s

b) bitrate = 20 kbit/s

c) bitrate = 15 kbit/s
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Figure 6 Mean bit error rate for the phase modulated data
signal with ¢, = 0.66 rad
a) bitrate = 25 kbit/s
b) bitrate = 20 kbit/s

c) bitrate = 15 kbit/s
d) bitrate = 10 kbit/s

III. DIGITAL AUDIO BROADCASTING

The Digital Audio Broadcasting (DAB) system is developed by
Eureka project 147 for transmission of digital sound. The results were
acquired up to mid-1990.

In the frequency spectrum band II, 87.5 to 108 MHz, is reserved for
'VHF-FM. This service has to be replaced by DAB. In Germany DAB
is planned to be introduced as of 1995, and it will take a period of 10-
15 years to replace the present VHF-FM system by DAB [9]. For this
transition time a parking position has been found in the frequency
band of 104 to 108 MHz [10].

A. DAB SYSTEM PLAN
A general description of a DAB system is given in [11]. First the left
and the right analog signals of the stereophonic programme are

converted into a digital signals in the transmitting studio . The bitrate

of this signal is reduced using source coding. Here MUSICAM
(Masking Pattern Universal Subband Integrated Coding And
Multiplexing) is used [11], which uses subband coding. Then extra
information, such as RDS and traffic control information, is added to
the signal. After source coding and addition of extra information the
bitrate of the datastream is 200 kbits. To enable the use of
concealment at the receiver one of the two stereophonic signals is
delayed.

The resulting signal is sent to the transmitter, where it is muitiplexed
with other programmes, which are coded in the same way. In the
transmitter the final multiplexed signal is channel coded to add error
protection. A convolutional code with an efficiency of %2 (one
protection bit per data bit) is used [12])-[14]. Then the signal is
modulated using OFDM and finally it is broadcasted. The combination
of channel coding and modulation is called COFDM (Coded
Orthogonal Frequency Division Multiplex) [15].

In the receiver the delay between the two signals is cancelled. Then
concealment can be used, if the signal was lost for 1 to 1000 msec
during transmission [11]. The signal is demodulated, decoded using a
Viterbi decoder and demultiplexed. Finally, after error correction the

resulting digital signal is converted to an analog signal.

The DAB system is designed for transmission of digital coded audio.
The IRT (Institiit fiir Rundfunktechnik), however has decided that
the system should also be able to transmit other digital information
(for example text). That is the reason why an error protection code
with a fixed efficiency is chosen. This means that it is relatively easy
to use this system for data transmission: the data must be inserted in
the system at a point after the analog to digital conversion of the
audio signal and subtracted before the digital to analog conversion in
the receiver. Then the rest of the transmission path can be the same

as that for transmission of the digital radio signal.

B. MODULATION USING OFDM

OFDM (Orthogonal Frequency Division Multiplex) is a modulation
method which tries to solve the problem of diversity. OFDM was first
proposed by Cimini [16] as a method for digital communication over
Rayleigh fading mobile radio channels.

A modulation method using ODFM combines the advantages of
smallband modulation (less distortion) with the advantages of
wideband systems (less disturbance of the signal) [11]. The
information of each radio programme is divided over many single
carriers each carrying a low bitrate. This way wideband channel, which
has a minimum bandwidth of 1.5 to 2 MHz, which is frequency
selective is transformed into a large number of non-selective
narrowband sub-channels. Then the carriers of a bundle of 6
programmes are frequency multiplexed into one beam with a large
bandwidth of 1.5 MHz (15]. To make more efficient use of the



spectrum the frequency spectra of the carriers can be allowed to
overlap in such a way that the information content of each signal is
mutually orthogonal [17]. Due to this orthogonality there is no inter
symbol interference at the sampling time.

Inter symbol interference, caused by the transmission channel, can
have the result that the properties of orthogonality in the OFDM
signal are lost. This problem can be solved by preceding each signal
Wik bya guard interval,which absorbs the inter symbol interference.
In [15] the spectral density of an OFDM signal with N=32 is
calculated, when a guard interval with a duration A=T/4 is added. In
practice much higher values for N are used and then the spectrum
tends asymptotically to a rectangular spectrum. Because this spectrum
just fits in the transmission channel the spectral efficiency closely

approaches the 2 bps/Hz theoretical limit for 4-PSK [17].

The structure of an OFDM receiver is similar to that of a FDM
receiver: for each of the emitted carriers, a filter is needed, which is
matched to the signal g,(t). Due to the orthogonality of the signals
gi(t) the number of operations necessary is considerably reduced.

The OFDM receiver is based on the use of a partial FFT (Fast
Fourier Transform) algorithm. This algorithm is called partial FFT
because the receiver deals with only one programme out of K (we
only want to receive one out of K programmes), and the FFT
algorithm does not have to be executed completely. A detailed
description of the demodulation scheme is given by Alard and Lassalle
[15]). More information about OFDM is given in [11,15] and [18]-[21].

C. USING OFDM FOR TRANSMISSION OF DATA
OVER AN FM-CHANNEL

Unfortunately the OFDM system, as described in this section, needs
a minimum bandwidth of 1.5 MHz, due to frequency division
multiplexing of the carriers of different programmes. So it is not
possible to use this system for transmission of data over an existing
FM-channel with a bandwidth of 200 kHz. For transmission of data in
an FM-channel all the OFDM-techniques can be used except for
frequency division multiplex. The carriers of one coded data stream
will have to be spread over one FM-channel with a bandwidth of 200 -
300 kHz, instead of being multiplexed with the carriers of other
programmes. A proposal for such a system will be described in more
detail in section IV.

Since the carriers of one data stream are now transmitted in one
frequency band and not multiplexed with the carriers of other data
streams this system is not a wideband system, like OFDM. Therefore
we will have to find another way to resolve the problem of channel

selectivity, for instance additional error coding.
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IV. NEW SYSTEM BASED ON OFDM

Before we can determine how the present OFDM system can be

modified, we have to consider the properties of the OFDM

modulation method. The two basic properties of OFDM are:

- orthogonality of the subcarriers.
This orthogonality allows a better spectral efficiency, because the
spectra of the subcarriers can be allowed to overlap.

- frequency division multiplex (FDM) of the subcarriers of K
different programmes.
FDM is introduced in the system to reduce the effects of channel
selectivity: the carriers of the programmes are spread over a large
part of the spectrum, so a frequency selective fade will affect a few
carriers of each programme instead of many carriers of one

programme.

The second property, multiplexing the carriers in frequency, makes
that OFDM needs such a large bandwidth, because the K mulliplexed
programmes have to be transmitted in one frequency band. For
orthogonality of the subcarriers a large bandwidth is not required.

So if we want to design a system which uses the OFDM-techniques,
we cannot use frequency division multiplex. We can use, however, all
the other techniques described in section IIL the elementary
orthogonal signals, the guard interval, FFT for demodulation of the
signal and channel coding with convolutional codes and maximum

likelihood decoding.

A. DESCRIPTION OF THE NEW SYSTEM
The new system for data transmission proposed in this section looks
much like the DAB-system described in section IIL. The transmitter

and the receiver of this new system are given in fig. 7.
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In the transmitting studio the digital data can be source coded to
remove redundancy. In the DAB system MUSICAM is used for
source coding. MUSICAM transforms an analog radio signal into a
digital source coded signal. In this system we already have a digital
signal available, so we will need another type of source coding.

If the transmitting studio is not at the same location as the
transmitting site, the data is channel coded and transmitted to the
transmitting site. There the data signal can be multiplexed with other
data signals, and then it is channel coded and modulated before it is
transmitted. For channel coding convolutional codes can be used, as
in the DAB system [12,15].

As said before the modulation method will be different than the
modulation method in DAB. In the next section we will propose a
modulation method which is based on OFDM.

At the receiver the signal is demodulated and then decoded. As in
DAB we could use a Viterbi decoder. After detection the data signal

is demultiplexed and then error correction is used.

B. MODULATION

In this section we look at the modulation method in the new system.
For modulation a modified version of OFDM can be used.

The information of the data signal will be divided over a number of
orthogonal carriers, which are 4-PSK modulated, like in OFDM.
However, the distribution of the carriers in the frequency spectrum
will have to be different than for OFDM, because frequency division
multiplexing. cannot be used. In this system the carriers of one coded
data stream will be spread over one FM-channel with a bandwidth of
200 kHz instead of multiplexed with the carriers of other programmes.
The resulting frequency spectrum is given in fig. 8.

As we already mentioned in section 3, this system is not a wideband
system, like OFDM, and it is necessary to find another way to resolve

the problem of channel selectivity.

The separate subchannels of an OFDM channel, however, are
frequency nonselective. Therefore in the next section the mean error
probability for the 4-PSK modulated subcarriers of the OFDM system
will be calculated. Then a brief discussion is given of the influence of
frequency selectivity on the modulated data signal, compared to the
influence on an OFDM signal.
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Figure 8 Distribution of the carriers of one data stream

C. MEAN BIT ERROR RATE OF A 4-PSK
MODULATED SUBCARRIER
In OFDM 1536 carrier waves are spaced through a bandwidth of 1.5
MHz, and each carrier is modulated with 2 kbit/s, so the spectral
efficiency is about 2 bps/Hz [11]. The carrier frequencies are
separated by 1.5*10%/1536=977 Hz.

The error function for 4-PSK in a channel with additive white
Gaussian noise is [4,7)
1
P, = Q(‘/2‘(b) = Eerfc(m
1
with v, = By/n ; By = 24Ty 50 = ——
o = By 5 By = 20%, E

where y,, is the signal to noise ratio per bit, E is the bit energy, ¢,

13)

is the frequency deviation, Ty, is the bit duration, y,, is the carrier to
interference ratio and By is the channel bandwidth. 7 is the positive
power density of the noise and is defined in the same way as 1, in
equation (9).

Equation (13) leads to

P, = Lerfe(/#7,T,Brv) (1
So for each 4-PSK modulated carrier the error rate per bit is given by
equation (14). This equation holds both for the frequency multiplexed
carriers of the conventional OFDM signal and for each carrier of the

new data signal.

A frequency non-selective Rayleigh fading channel is assumed here.

In that case the mean bit error probability for a 4-PSK modulated

carrier is
Pe = f ___l_e -YJ;"ierfC( /CY O)dYO (15)
o Yo .

where it is put that
c = ¢, T,B; (16)
According to Proakis [7] the result of this integration is:

5 1 Yo
P, = o|1-
2 1+, amn

with ;b = c_Y_o = B/n = ¢%,T,Bry,
In this expression the spectral efficiency is 1/(TyBy)=2 bps/Hz. The
phase shifts in 4-PSK are +3r/4 and +x/4, so the maximum phase
deviation ¢, is 3n/4. The results of these calculations are given in fig.

9 for different values of the carrier to interference ratio y,.

Frequency selectivity of the channel has the effect that subcarriers at
different frequencies will be affected differently by frequency selective
fades.

A frequency selective fade will distort a number of adjacent

subcarriers. In the conventional OFDM system the effects of such a




0.1

0.01
0.001
0.0001
0.00001
0.000001

mean bit error rate

1.00e-07 T T | AR RERRE A | T T
0 5 10 15 20 25 30 35 40 45 50

Figure 9 Mean bit error rate for 4-PSK modulated carrier
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fade are less severe than in the new system, because in the
conventional system only a few subcarriers of the 6 different
programmes will be affected, and the lost bits can be restored using
error correction. In the new system a frequency selective fade will
affect many subcarriers of one programme and error correction will
be much more difficult. This problem could be solved by using

additional error correction in the new system.

V. CONCLUSIONS

In this paper it is shown how FM-channels can be used for
transmission of digital data. Modifications of existing systems were
investigated.

After these investigations the following conclusions can be drawn:

1. If an RDS signal is multiplexed with the mono radio signal instead
of the stereo signal, more bandwidth is available for the RDS
signal. Now the bandwidth of the RDS signal can be increased, and

thereby the bitrate can be increased to approximately 13 kbit/s.

2. Calculation of the mean bit error rate of the RDS signal in a
Rayleigh fading channel indicates that the error probability for the
new system is slightly higher than for the present RDS system.

3. This new system could be very interesting for local radio stations
that could decide to transmit their programmes in mono and earn

money by renting data transmission capacity to others.

4. Once the DAB system is operational, this system can easily be used
for data transmission. It is designed for transmission of digital
audio, but it is designed in such a way that it can also be used for

transmission of other types of digital data. In the DAB system a
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bitrate of about 400 kbit/s will be assigned to each channel. (in case
of radio transmission: 192 kbit/s for the stereo signal, 8 bit/s for

additional information and 200 kbit/s for error correction)

5. Because in DAB the modulation method OFDM is used the system
needs a minimum bandwidth of 1.5 MHz, so it can’t be
implemented in the present FM-system. Therefore we can’t use this

system before it is fully operational.

6. OFDM needs such a large bandwidth due to frequency multiplexing

of the carriers of 6 different programmes in one beam

7. Due to this multiplexing in OFDM, a frequency selective fade will
affect only a few carriers of the 6 programmes, instead of many
carriers of one programme, and with error correction these carriers
can be restored. If we reduce the bandwidth of OFDM by
transmitting the carriers of one programme in one frequency band,
a fade will affect many carriers of this one programme and error

correction will be more difficult.

8. Still this option -using all the OFDM techniques except frequency
multiplexing- is very interesting, because in data transmission it
should be possible to solve the problems of frequency selectivity by
extra error correction coding, and then we would have a system
with a maximum capacity of 400 kbit/s. (note that a part of this

capacity should be used for error correction)

9. One teletext page comprises 8 kbit. In table I the bitrates of the

different systems discussed in this paper and the teletext system are
given. Also the time is given which is needed for transmission of

one teletext page for the different systems.

Table I: Bitrates for different data transmission systems and
transmission time per page of Teletext for each system
bitrate transmission time
(kbit/s) per page (sec)
Teletext 16 0.5
RDS 1.1875 6.75
New RDS system 13 0.53
OFDM 400 0.02
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