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ABSTRACT
This paper describes a new transmitter architecture i — 5 prp H(s) ,C) _ RF
suitable for GSM modulation. The technique is based on e

direct modulation of a high resolutioA> frequency
discriminator based synthesizer to produce the modulated
RF signal without any up-conversion. The advantage of DIVIDER
this architecture is that it does not require mixers or D/A

converters to generate the In-phase and Quadrature signals —/p| GMSK
as in conventional GSM transmitters. This eliminates

many of the analog problems associated with mixing and

filtering and results in an architecture suitable for Fig. 2. Direct modulation of AX synthesizer.
monolithic integration.

A

frequencies within its bandwidth so this architecture is
only suitable for narrow-band modulation.

1. INTRODUCTION An alternative for wide-band modulation is to break the
Conventional GSM transmitters utilize quadrature 100p during transmission. Then the modulation is limited
amplitude modulation (QAM) with In-phase (I) and only t_)y the VCO and power amplifier band_width. This
Quadrature (Q) signals that are mixed with a localtechnique has been used for DECT (Gaussian frequency
oscillator operating at the carrier frequency. A typical shift keyed modulation) in [3] where the transmission data
system is shown in Fig. 1, where the baseband | and @ursts are relatively short and accurate phase control is not
data is converted to analog and mixed with a localfequired. The problem with opening the loop is that the
oscillator [1]. This method, although viable, requires VCO is free-running and will drift over time with no
phase noise suppression. Another difficulty is avoiding
» switching transients while breaking the loop. A transient
data —~ P gTTSEKR Lo

while opening the loop results in a frequency channel
offset error during the transmit time.
' loop bandwidth as shown in Fig. 3. In principle
. . . equalization is possible as long as the true PLL
E{gdﬁiatg,‘? 'EAQ%(\),,C;Plator using quadrature amplitude characteristics are known. This tends to be the pitfall since

Wide-band modulation of a closed loop is possible if some
form of compensation is used to overcome the natural roll
off of the PLL loop bandwidth. One method proposed in
[4] uses an equalizer to compensate for the limited PLL

mixers, filters and D/A converters to up-convert the

+

baseband | and Q signals to the RF carrier frequency. It is Fret — | PED HE) .C) -
difficult to realize the required analog filters in monolithic RF
form so the system becomes complex and costly.

A more elegant solution shown in Fig. 2 is direct
modulation of a high resolutiomMX synthesizer as
described in [2]. In this architecture, the phase-locked

loop (PLL) closed-loop bandwidth is narrow (compared to  data - OUALIZER
the reference frequency) to satisfy the PLL noise

requirements. This restricts the modulating signal . . . .
bandwidth since the PLL can only readily track Fig. 3. Equalized direct modulation oA synthesizer.

DIVIDER




this PLL contains analog filters which cannot be realized(constant frequency foAZFD’s) inputs. Modulating the
to close specifications and therefore the necessanA>FD keeps the discriminator busy which suppresses any
equalization transfer function is not known. The idle tones. The problem with this approach is that the
synthesizer proposed in [5] is a better architecture to uselesired channel is a high resolution value whileARED
with equalization since it incorporates mostly digital modulus input can only accept integer values. The
signal processing which has predictable transfer functionanechanism to convert from a high resolution channel into
to use in designing the equalizer. a low resolution modulus is by remodulating with a digital
A modulator. If the synthesizer is used as a local
2. GSM MODULATOR ARCHITECTURE oscillator (LO), the input to th&> modulator would be
The proposed modulator architecture is a variant othe the constant channel value while its output would dither
frequency discriminator based synthesizer first reported irbetween integer values whose average value represents the
[5] and illustrated in Fig. 4. channel. Similarly, modulation of the synthesizer is
possible if the AX modulator input is time varying
according to the data. The same narrow-band modulation
limitations apply to this architecture as for the architecture
bsp — RF of Fig. 2, [2], since it too has a relatively narrow loop
bandwidth to satisfy phase noise requirements. However,
as proposed in [4], it is possible to equalize the effects of
AT FREQ. the PLL bandwidth by compensation in this case as the
DISCRIM. PLL is mostly digital and an exact equalizer can be

GMSK FILTER +’._/j realized.
data+» + EQUALIZER @ 3 DESIGN PARAMETERS

Fref . .

Determining the PLL loop parameters requires that an
Fig. 4. Equalized direct modulation oAZFD based adequate model be developed. In this case we have
synthesizer. modulation requirements to consider in addition to the

phase noise and transient characteristics of a basic
The new synthesizer, as in [5], usesAZ frequency  synthesizer. It is useful to analyze this mixed mode
discriminator ASFD) [6],[7] in the feedback path to (continuous-time and discrete-time) synthesizer in the
convert the VCO frequency into an oversampled S-domain and Z-domain although a pure Z-domain model
bitstream. Thus theASFD serves as a frequency could also be used. Fig. 6 shows a simplified model of the
discriminator and A/D converter which replaces the synthesizer without the modulation blocks.
divider and phase detector in convention@i~

synthesizers. The operation is similar to [5] except that the » HE) e ] e Ky RE
A>ZFD output contains only the error between the VCO VCSO
and desired channel frequency as opposed to the dc psP DIA cp

channel offset plus error. This is accomplished by
modulating the base modulus of th&FD, as shown in
Fig. 5, where before it was set to a constant value. H)

AXFD
Fref Fref J
¢ . Fig. 6. Linearized equivalent model&XFD based
RF — DIVIDER ——>| PFD |—> INTEGRATOR BITS synthesizer.

A A
VoD, [ 1 le From this model, the stability and transient characteristics
. )l . -y . -
L may be determined. The loop stability is best determined

_ o _ _ through the use of open-loop Bode plots which quickly
Fig. 5. AX frequency discriminator with external modulation reveal the gain and phase margins even though the system
control. is mixed mode.

The advantage of controlling th&SFD directly is that ~ The performance of the synthesizer as an LO may be
there is no need to decimate and filter the bitstream befor@djusted from these loop parameters. Once the synthesizer
comparing it to the desired channel as in [5]. This reduced!@s met the phase noise and transient settling
the dynamic range requirements of the digital Signa|speC|f|catlons,. the design of the modulator can proceed.
processing (DSP) in the loop since the input signal is 0n|yThe general idea is to inject the modulation data and

one bit wide. Another benefit is tha&f> modulators Ccompensate for the tendency of the PLL to suppress any
(including ASFD's) may suffer from idle tones with dc signal outside of its loop bandwidth. This implies that in



addition to the Gaussian minimum shift keying (GMSK) The PLL bandwidth is set to a value that adequately filters
filter, an equalization filter is necessary with a responsethe AZFD quantization noise to give acceptable phase
that is the inverse of the PLL closed-loop transfer functionnoise performance. Reducing it any further would
seen by the modulation data. The result is a modulatiorcompromise the transient characteristics of the synthesizer
bandwidth that is larger than the PLL bandwidth as shown(i.e. slower switching speed). If fast switching speed is
in Fig. 7. necessary, the loop dynamics can be varied while
switching channels to improve acquisition. This technique
has been done in analog PLL synthesizers by dynamically
o ’\ s changing the loop filter parameters, but care must be taken
= ) to ensure a smooth transition occurs to prevent erroneous
RF output frequencies [8]. Since the synthesizer loop filter
in this architecture is predominantly digital, the loop

GAUSSIAN FILTER PLL MODULATION i 1 1 idi
N RUALIER AN TH oo dynamics may t_Je varied with complete control avoiding
any output transients.

5. GSM OUTPUT SPECTRUM

The spectral requirements of a GSM modulated carrier are

quite stringent due to the narrow channel spacing. Without
The equalization of the PLL closed loop responsecareful spectral control, excessive RF power would spread
increases the dynamic range of the data but this is easilinto adjacent channels. Fig. 9 shows the GSM modulated
handled by extending the input range of M2emodulator. RF carrier spectrum with random data input.

4. PHASE NOISE

The synthesizer phase noise requirements determine thi
PLL loop bandwidth while switching speed is a secondary _;o/
issue usually controlled by other means. Typically, due to
VCO noise, a wide loop bandwidth is required while a 2o
narrow one is needed to adequately suppressAthe
guantization noise from thAXFD. For this design, the
reference frequency (also the sampling frequency) is
13MHz and a suitable loop bandwidth is 30KHz. The
phase noise is modeled as the sumM\BFD quantization
noise, charge pump noise and VCO phase noise, all outpu § §-50¢
referred. This represents the major noise sources and give ®

a reasonable prediction of the actual synthesizer phase ~°
noise. Fig. 8 shows the simulated phase noise compared t
the GSM phase noise spectral mask.

Fig. 7. Effect of equalizer on modulation bandwidth.
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The RF spectrum exceeds the GSM spectral requirements
and the spurious response is not difficult to meet since this
architecture has no mixers and associated analog filters to
introduce spurs. The only potential source of spurs are
from limit cycles in theAZ modulator with a DC input.
These are inherently avoided since the modulation data
keeps theAX modulator busy enough to randomize the
guantization errors.

6. OPEN-LOOP GAIN CONTROL

-140'5 v S S ; The open-loop response and gain of a conventional

10 10 Frequenty (Hz) 10 indirect synthesizer using analog loop filters and a VCO

) ) o [2],[4] is generally unknown. The reason is that the filters

Fig. 8. Phase noise A& frequency discriminator based cannot be realized to close specifications and the VCO

synthesizer. sensitivity may vary due to process tolerances.
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Fig. 10. Received GMSK baseband modulation with a) -20% gain error, b) no gain error, c) +20% gain error.

Traditionally, the solution to this problem is to provide synthesizer that produces the RF signal without up

some means of adjusting the filter response and open-looponversion. This technique retains the narrow loop

gain K by using an active loop filter. In this architecture, bandwidth for adequat> quantization noise suppression

the synthesizer loop gain is the only unknown parametewhile extending the modulation bandwidth by an order of

and is caused by deviation of the VCO sensitity due magnltudg to acco.m.modatga the data rate. The archl_tecture

{0 Drocess variations is predomllna.ntlyl digital 'WhICh results in a system suitable
P ' for monolithic integration and offers significant cost

The effect of an open-loop gain error in the new reduction.

modulator architecture of Fig. 4 is readily visible in the
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