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�
Abstract - The realization of the digital audio peak limiter for  SSB modulated signals is described. The feedforward audio peak limiter with delay buffer, (1(, was used as basic idea. The solutions of several new problems are described. These problems arise when complex waveform, such as SSB signal envelope, has to be peak limited. The details related to the implementation of the limiter on the TMS320C31 digital signal processor are also given.





1. INTRODUCTION


SSB signals can be generated either by filtering techniques or by phasing techniques to eliminate the unwanted sideband. The filtering technique has dominated analog equipment design because of difficulty in obtaining wideband phase shifters (2,3(. The disadvantage of filtering approach is in necessity to use a series of cascaded linear RF amplifiers to amplify SSB signal. The low efficiency of RF linear amplifiers makes filtering approach unacceptable for high-power operated transmitters. On the contrary, by using digital techniques it is easy to synthesize the wideband phase shifter with excellent performance. The realization known as Hilbert transformer is implemented efficiently in a form of FIR structure. So the phasing technique has been predominantly used to date in digital SSB radio design. It is based on splitting the SSB signal on envelope and phase component. The high power amplification is realized through switching modulator working in C-class, enabling amplifying of SSB signal  with high efficiency. Among the problems that must be solved in digital synthesis of SSB signal is to design the digital audio peak limiter for the envelope part of the SSB signal. The feedforward audio peak limiter with delay buffer suggested in (1( was used as basic idea. However, several new problems had to be solved. Their common feature was that the complex signal, i.e. SSB signal envelope,  had to be peak limited but action had to be performed on the In-phase and Quadrature components ,  the envelope signal is composed of.





2. PROBLEM DESCRIPTION


The SSB signal is described with the following relation (2(:


� EMBED Equation.2  ���		(1)


where ((t) is called envelope and ((t) phase component of the SSB signal. It can be easily shown that ((t) and ((t) are defined with the following formulas:


� EMBED Equation.2  ���		(2)


where Ac  is carrier amplitude, I(t) is audio modulating waveform also called the in-phase component and Q(t) is the quadrature component obtained from I(t) by using Hilbert transform i.e.:


� EMBED Equation.2  ���			(3)


The application of the above SSB signal representation in digital synthesis of SSB signal for high-power transmitting is illustrated on figure 1. The Hilbert transform is implemented very efficiently in the form of FIR structure. Although the in-phase component is bandpass filtered prior to Hilbert transform, the quadrature component can still have great overshoots, (2(, causing the envelope signal (2) to exceed the amplitude range of the PDM amplifier, see fig. 1. This implies audible signal distortion and necessity to design digital signal peak limiter for envelope signal ((t), see (2). 





3. SSB LIMITER DESCRIPTION


	All of the limiter functions are performed in the digital signal domain. The basic idea taken from (1( presumes the feedforward type of the audio peak limiter. The basic principle is illustrated on figure 2. 
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� EMBED Visio.Drawing.4  ���The processing is divided into an input sample processing section and an output sample processing section. Each I(t) and Q(t) input value is placed in circular delay buffer. Along with this delay buffers a zero-crossing buffer is used to keep track of the zero crossing of the I(t) signal. At every zero crossing point of the I(t) signal the peak value of the complex envelope signal ((t) over the interval up to the next I(t) zero crossing point, is written at the corespondent zero crossing buffer location, see table 1. This is the first significant difference in relation to the limiter described in (1(. Full gain reduction occurs at the zero crossing of signal I(t) that immediately precedes the envelope signal peak value which exceeds the limit threshold. The problem of correction gain computing is no more trivial as in the simple signal case. Let the limit threshold be denoted with � EMBED Equation.2  ���, and the correction gain value that must be computed with g. The Ip (t) and Qp (t) values that caused ((t) peak value after multiplied with g and inserted in (2) must give � EMBED Equation.2  ���, according to (4).





� EMBED Equation.2  ���	(4)





Solving (4) the following relation for gain is obtained:





� EMBED Equation.2  ���� EMBED Equation.2  ���					(5)


Figure 3. and table 1. illustrate described approach. It was assumed that limit threshold is � EMBED Equation.2  ���= 1.0 and carrier level Ac=0.5. The gain g according to (5) and table 1. is g=0.663.





Table 1.


Sample�
I(t)�
Q(t)�
Peak�
((t)�
� EMBED Equation.2  ����
�
10�
-0.4�
0.2�
0�
0.223�
?�
�
11�
0.1�
0.1�
1.265�
0.608�
0.57�
�
12�
0.4�
-0.3�
0�
0.948�
0.79�
�
13�
0.7�
-0.4�
0�
1.265�
0.999�
�
14�
0.4�
-0.2�
0�
0.92�
0.774�
�
15�
0.2�
0.2�
0�
0.73�
0.646�
�
16�
-0.2�
0.4�
?�
0.5�
?�
�



After so called attack phase with gain correction factor (5) the hold phase follows, (1(. Then, the gain recovery phase comes. The gain recovery occurs at each zero crossing of  the signal I(t) following the peak value of ((t) that caused attack phase, giving the recovery time that is inversely proportional to the frequency of the signal I(t). At this point there is another new problem related to the computing of the recovery gain value. The peak value of ((t) that caused attack phase decreases toward the limit threshold gradually using cascade of the three first order recursive digital filter sections. Each first order section realized in state-space form is obtained from analog prototype using state-transition method, (8(. The filtered peak value represents the control signal on the basis of which the variable gain value must be computed at every zero crossing point of signal I(t). The new problem that arises here is that I(t) and Q(t) signal values are not exactly related to the filtered decaying peak value, as it was the case with the ((t) peak value that caused the attack phase. This problem is significantly more complex compared with the simple signal case, (1(, where correcting gain is simply reciprocal of the decaying peak value. Here, some approximation had to be done. At this place mainly intuitive assumption has been done. After extensive off line and on-line i.e. real time examinations it turned out to be correct and of great practical value. Here is its description. The squared version of (2) is:


� EMBED Equation.2  ���


It is assumed here that decaying envelope peak value was caused only with signal Ip (t) i.e. that Qp(t)=0. After replacement of ((t) with appropriate decaying  peak value � EMBED Equation.2  ���,the following relation is obtained:  


 � EMBED Equation.2  ���		(6)
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Putting (6) in (5) and assuming that Qp(t)=0 the relation for the correcting gain factor is obtained:


� EMBED Equation.2  ���	 


(7)


On the basis of (7) it is easy to show that the following relation holds:


� EMBED Equation.2  ���� EMBED Equation.2  ���			(8)


Besides the extensive off line and real time examinations relation (8) can be considered as a proof that described assumption is correct. The correcting gain factor computed in accordance with (7) is applied to the I(t) and Q(t) signal values according to (4). It turned out that discussed assumption is strong enough and that the envelope value obtained on the basis of relation (4) with the gain factor computed according to (7) is always 1-2% less than the corespondent decaying envelope peak signal value.





 4. IMPLEMENTATION DETAILS


The implementation of the envelope part of digitally synthesised SSB signal, figure 1., is carried out by several DSP chips. The Hilbert transform and bandpass filtering are realized with one fixed point digital signal processor, TMS320C25, and array of seven Motorola’s FIR processors, XC56200LC10, (4,5(. The SSB limiter is implemented on one Texas Instruments floating point digital signal processor TMS320C31, (6(. The same applies for envelope computing block. The SSB limiter is realized with sampling frequency of 48 kHz. The most critical program parts were computing the envelope signal value ((t) according to (2), to check whether its peak exceeds the limit threshold, and the correcting gain value according to (7). The real time square root computing necessary in (2) and reciprocal value necessary in (7) were performed by 6 iteration Newton-Raphson algorithm, (6(. After very hard assembly language coding the 30 MHz version of the TMS320C31 was carried out the implementation of the SSB limiter at 48 kHz  sampling frequency with 92% of utilization factor. The assembly language code has been tested on the TMS320C30 evaluation module, (7(. Figure 4. shows the SSB envelope limiter action for the in-phase burst input signal, assuming that envelope limit threshold was set on � EMBED Equation.2  ���. The instantaneous attack phase and gradual recovery phase can be easily observed. The initial delay is due to the input delay lines the length of which is inversely proportional with the lowest input signal frequency. For described limiter implementation the lowest frequency was 50 Hz. The length of the correspodent delay lines for in-phase, quadrature and envelope components is 960 samples.
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Figure 4. SSB envelope peak limiter response on the burst in-phase input signals�









