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1 ABSTRACT 

This paper shows how the potential performance of ARTM signal [1] demodulator is related to 
its aperture and digital quantization noise. The first parameter (aperture) is a function of the 
architecture, while the second (quantization noise), depends on the digital implementation [2] of 
demodulator. Unified representation of the demodulator architecture as a matrix to vector 
product with the subsequent choice of maximum energy term was used in this paper to model 
performance of the demodulator for constant-envelope signals such as Tier-0 (PCM/FM), Tier-I 
(BPSK, QPSK, OQPSK, SOQPSK), and Tier-II (multi-h CPM). We will demonstrate how, when 
given a level of quantization noise and aperture width defined by the demodulator 
implementation, we can predict demodulator performance. Matlab/Simulink models 
demonstrating the performance of some demodulators will be presented and discussed. 

 

2 SIGNAL DESCRIPTION 

In digital signals, the data to transmit forms a sequence of symbols, or a data vector [3], 

 𝐴 = {𝑎!!,… ,𝑎!! ,… ,𝑎!! ,… ,𝑎!,… ,𝑎! ,…    , 𝑎! ,… ,𝑎!},    (2.1) 
With the symbols mapped to a p-element alphabet, 

𝐴 = {𝑎!,… ,     𝑎!}         (2.2) 

with 𝑎!! and 𝑎! being the symbols at the very beginning and end of the infinite transmission 
process, and, 𝑎!! and 𝑎! are the symbols at the beginning and end of a subsequence used for 
analysis (where it is not practical or possible to consider the entire infinite data sequence).   The 
demodulator resolves 𝑎! - a current or central symbol, and, 𝑎!!  and 𝑎!  as the leftmost and 
rightmost symbols of the sequence simultaneously used by demodulator. The number of symbols 
used by a demodulator for making a decision on the value of the central symbol is the 
demodulator aperture. Demodulator aperture is defined by L and is equal to 2*L+1. For a simple 
single symbol demodulator L=0, and for a more complex multi-symbol demodulator L>0. The 
following correspondence between time t, symbol period T, and symbol number n is used in this 
paper: 

𝑛 = !
!
,−∞ < 𝑡 < ∞        (2.3) 
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Symbols are initially independent, but require infinite bandwidth for undistorted transmission.  A 
Bessel filter of the 3rd order with a 3 dB cutoff frequency at 0.7 may be used [1] for pulse 
shaping to limit the required bandwidth.  Raised cosine pulse shaping with a 3 symbol response 
time and 0.5 roll off factor required by IRIG for CPM and other modulation types [1] is also 
utilized.  Pulse shaping introduces correlation between symbols. As it is shown in [3], pulse 
shaping introduces correlation of 0.07, or 7% between adjacent symbols. This correlation is the 
main reason for the potential performance superiority of wide aperture demodulators over those 
with narrower apertures.  
The modulation index ℎ is a proportion coefficient connecting the instantaneous level of a 
modulated video signal and phase change rate of the resulting modulated baseband signal. 
ARTM Tier-0 PCM/FM modulation has a modulation index = 0.71. ARTM Tier-I BPSK, QPSK 
and other phase modulations can be considered and treated for our analysis as special cases of 
PCM/FM with differentially encoded data and a modulation index of 0.5, since the phase travels 
+/- 90/180 degree per symbol. ARTM Tier-II multi-h CPM modulation index alternates with 
each symbol with a lower modulation index ℎ = 0.5, and a higher modulation index ℎ + ∆ℎ =
0.5625. 
The subsequent phase increments are accumulated into the instantaneous phase of the baseband 
signal.  The modulated signal is then frequency up-converted and sent to the receiver.  The phase 
increment sample corresponding to each symbol can be represented [4] as, 

𝑆! = 𝑒! !!!
!!!!         (2.4) 

 

3 FINITE APERTURE DEMODULATOR 

In this paragraph a unified mathematical representation of a demodulator is introduced. This 
representation views demodulators for any modulation type and any aperture width as a same set 
of mathematical operations with different parameter values. Any unique set of these values 
represents a unique and distinct demodulator architecture.  
The following operations constitute such a demodulator. First, a sequence of consecutive signal 
samples  

𝑆 = {  𝑠!! ,… , 𝑠!,… , 𝑠! , }       (3.1) 
is obtained. Here and below this sequence will be referred to as a signal vector. This vector is 
complex correlated to all previously created and stored template baseband signal sequences or 
vectors 

𝐴! = 𝑎!,!! ,… ,𝑎!,!,… ,𝑎!,! 𝑛 ∈ 1,𝑚 ∙ 𝑝!!!!   }.     (3.2) 

These template vectors have the same size as the signal vector 𝑆.  
In (3.2), the parameter m is a number of alternating modulation indices, while the parameter p is 
the number of bits in one symbol.  
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Tier-0 and Tier-I BPSK have m=1 and p=1. Other Tier-I signals have m=1 and p=2, which make 
it necessary to have two times more of template vectors compared to the Tier-0 demodulator. 
Tier-II signals have both m=2 and p=2 which calls for quadrupling the number of the template 
vectors. Each correlation coefficient represents two very significant parameters: a magnitude and 
a phase. The magnitude represents a degree of similarity between corresponding template and 
signal vectors. The phase represents a phase offset between those 2 vectors. This phase offset can 
be utilized for phase lock control in coherent systems, but usually is not. The correlation 
magnitude is the main parameter used for resolving a received symbol value. The correlation 
magnitude can be represented as 

𝐶 𝐴!, 𝑆 = 𝐴! ∙ 𝑆! = 𝑎!,! ∙!
!!!! 𝑠! .     (3.3) 

Upon calculating all correlation magnitude values, the demodulator finds a maximum value and 
a corresponding index m of the template vector providing this maximum correlation. The 
received symbol is considered equal to the central symbol of the template vector with index n. 
After receiving next signal samples, it is placed into the vector 𝑆 which is right shifted, and its 
oldest element is dropped. Then the entire process is repeated and the next symbol is resolved. 
The demodulator aperture is defined by the value of the parameter L. Single symbol 
demodulators have L=0 while wide aperture demodulators have L>0. 
 

4 QUANTIZATION NOISE 

All contemporary ARTM signal demodulators are implemented in the digital domain as DSP 
systems executing DSP algorithms. As such, all signal samples and all other terms participating 
in such calculations are represented by digital words of finite length or having a finite number of 
binary digits or bits. The used word length is a major factor, after aperture, to define the 
demodulator complexity. The more digits are in the word, the more real estate on digital system 
is taken by each multiplier, adder, delay line and other core DSP and digital logic components. 
This makes it necessary to utilize word length no longer than sufficient to not deteriorate the 
demodulator performance. In general, the quantization noise power depends on the word length 
according to the following: 

𝑃! 𝑑𝐵 = −10 ∙ 𝑙𝑜𝑔!" 2! = −𝑚 ∙ 10 ∙ 𝑙𝑜𝑔!" 2 ≅ −3𝑚,   (4.1) 

where m is the number of digits in the word. For m = 2 and 3, the quantization noise (𝑃!) is as 
high as -6 dB and -9 dB. For m = 6 to 10, 𝑃! = -18, -21, -24, -27, and -30 dB. Quantization noise 
or, similarly, digital word length very differently affect demodulator performance at different 
levels. For example it can be absolutely harmless below certain levels, and devastating if its level 
gets higher than some threshold. Digital modeling and simulation can help to find the optimal 
word length that provides the desired performance at a minimum required digital resource level. 
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5 MODELING 

The approach described in section 3 allowed the creation of simple and efficient 
Matlab/Simulink models to evaluate the performance of 3 major types of signals: PCM/FM 
(Tier-0), QPSK (Tier-I), and multi-h CPM (Tier-II). One such model is shown on the Figure 5.1 
below. 
 

 
Figure 5.1 Simulink model for demodulator performance evaluation. 

 
Template vectors for each modulation type are generated with a Matlab script. Demodulator 
performance evaluation models are implemented in Simulink.  
Each model contains the following high level components: 

- Bernoulli stochastic data sequence source; 
- Pulse shaping filter; 
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- Modulator; 
- AWGN (Gaussian) noise source  
- Baseband signal receiver with receiving matched filter; 
- Multi-symbol demodulator; 
- BER measuring component. 

 
The pulse shaping filter turns a data stream generated in the data source into a video signal. The 
modulator transforms the video signal into a baseband signal. The noise source is used to 
simulate communication channel behavior (it adds a noise to the baseband signal). This signal is 
received in the receiver and then demodulated in the demodulator. Resulting demodulated 
symbols are compared with the corresponding transmitted symbols in the BER measurement 
component. 

All models are similar for the different modulation types. Demodulator aperture is defined by a 
mask vector with non-zero elements defining what and how many symbols are used by the 
demodulator thus turning a single model into demodulators with different apertures. Another 
parameter defined in each model is the used word length which directly relates to the 
quantization noise level. Each demodulator type was modeled for both a different aperture and 
word length. 

 

6 MODELING RESULTS FOR ARTM TIER-0 MODULATION 

Error!	   Reference	   source	  not	   found. below illustrates the performance of ideal 1-, 3-, 5-, and 7-
symbol demodulators for Tier-0 PCM/FM signals as a function of a word length. 

It is evident from the simulation results in Figure 6.1 that the requirement to have quantization 
noise low to keep performance close to its optimum potential is more significant for medium 
aperture demodulators with an aperture of 3 and 5 symbols. The reason for that is more complex 
demodulator will utilize more DSP operations like additions and especially multiplications that 
add quantization noise. Nonetheless, even for a 5-symbol demodulator, a digital word longer 
than 7 bits will not contribute to further performance gain. For a 3-symbol demodulator the 
threshold is 6 bits, and for single symbol 4 bits is sufficient. 

More surprising is the fact that with aperture widening, sufficient word length decreases, so that 
for wide aperture demodulators it is expected that each DSP operation can be done on shorter 
terms. A possible reason for this effect is that when the amount of information simultaneously 
used for making decision is rapidly growing, actual contribution of each term and operation 
becomes less significant and some terms of the quantization noise compensate for each other and 
effectively recombine. 

Minh Vuong� 9/4/12 8:52 AM
Deleted: Figure 6.1
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Figure 6.1 Tier-0 demodulator performances. 

	  

7 MODELING RESULTS FOR ARTM TIER-1 MODULATIONS 

Error!	  Reference	  source	  not	  found. below illustrates performance of ideal 1-, 3-, 5-, and 7-symbol 
demodulators for Tier-1 xPCK signals as a function of a word length. 

The simulation results for ARTM Tier-I show similar demodulator behavior Tier-0 with the 
exception that the wider the demodulator aperture, the longer word that must be used for storing 
samples and performing DSP operations. For 7-symbols it is 7 bits, while for 5-symbol and 3-
symbol demodulators - 5 bits and for a single symbol demodulator - just 4 bits length is 
sufficient. 

The explanation for the absence of the behavior observed for Tier-0 PCM/FM lies in large part in 
the modulation index of 0.5 which makes many DSP operations less noisy than those for signals 
with modulation index not exactly equal to 0.5. 

Minh Vuong� 9/4/12 8:52 AM
Deleted: Figure 7.1
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Figure 7.1 Tier-1 demodulator performances 

	  

8 MODELING RESULTS FOR ARTM TIER-2 MODULATION 

Error!	  Reference	  source	  not	  found. below illustrates performance of ideal 1-, 3-, 5-, and 7-symbol 
demodulators for Tier-2 multi-h CPM signals as a function of a word length. 

The simulation results for the ARTM Tier-II case is similar to the Tier-0 PCM/FM results with 
more distinct maximum required word length for medium aperture demodulators and rapid 
decrease of this length for demodulators with wider aperture. It can also be observed that further 
aperture widening again requires longer words which makes this case closer to the Tier-I xPSK 
situation for apertures longer than 5. Here the longest word of 10 bits is required for a 3-symbol 
demodulator, while the shortest one of just 5 bits is needed for a 5-symbol demodulator. 
Additionally, 7-symbol demodulator still need only 6 bits, while a single symbol demodulator 
needs an 8 bit word length. This mixed behavior can be explained by the fact that the modulation 

Minh Vuong� 9/4/12 8:52 AM
Deleted: Figure 8.1
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index of multi-h CPM alternates between 0.25 and 0.3125 which contributes differently to the 
quantization noise increase. 

 

Figure 8.1 Tier-2 demodulator performances 

	  

9 CONCLUSION 

In this work it was shown that if the optimal aperture and quantization noise level are chosen, 
any ARTM signal demodulator can be designed with minimum resources without any significant 
performance deterioration. It was also shown, that for different modulations different maximum 
level of quantization noise can be tolerated. Also, performance of demodulators with too narrow 
and too wide aperture depends more on low quantization noise then ones of medium aperture. 
The actual numbers also depend on the signal modulation type. In general, for good 
performance, the number of digits in a digitized signal sample and other product terms must not 
be high and can usually be around 5 or 6. On the other hand, if the samples have less than 4 bits, 
the performance degrades rapidly. 
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