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Preface to the Series 
 

ADC and DAC are the most typical mixed signal devices. In mixed signal testing, an analog stimulus 

signal is generated by an arbitrary waveform generator (AWG) which employs a D/A converter 

inside, and an analog signal is measured by a digitizer or a sampler which employs an A/D converter 

inside. The stimulus signal is created using mathematical methods, and the measured signal is 

processed with mathematical methods, extracting various parameters. It is based on digital signal 

processing (DSP) so that our test methodologies are often called DSP-based testing. 

Test/application engineers in the mixed signal field should have a thorough knowledge about 

DSP-based testing. FFT (Fast Fourier Transform) is the most powerful tool here. This lecture will 

deliver a series of fundamental knowledge on DSP-based testing, especially FFT and its related 

topics. It will help them comprehend what the DSP-based testing is and its assorted techniques. 

 

 

Editor’s Note  
For other articles in this series, please visit the Advantest website at: 

https://www.advantest.com/US/ADV006722 
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Preface 

 
Digital modulation/demodulation is today’s standard in communication systems. There are two 

categories in digital modulation. One is a single carrier modulation and the other is multi-carrier 

modulation. Although the single carrier modulation is already out-of-date, there are many 

interesting techniques used in it, so the knowledge of such classic standard would be useful for daily 
testing jobs. One of the traditional modulation methods “π/4 shifted DQPSK (Differential 

Quadrature Phase Shift Keying)” is discussed in this article. 

 

 

π/4 Shifted DQPSK  

 
The π/4 Shifted DQPSK is one of the QPSK modulation types. Old portable telephone systems of 

PDC (Personal Digital Cellular) and PHS (Personal Handy-phone System) employ this modulation. 

Figure 1 illustrates the octagonal constellation points of this modulation, which contains two square 
constellations overlaid with the axis shift of π/4 radian. For convenience of identification, each point 

is numbered from #0 at the coordinate of (1, 0) to #7 at (√2, -√2) here. “D” in DQPSK stands for 

“differential phase”, which means that transition of constellation points conveys information. A data 

stream is sliced every two bits and dealt with a unit of di-bit that contains “00”, “01”, “11” and “10”. 

Figure 2 illustrates how the current location #7 jumps to the next point according to the coming 

di-bit. There are four routes available. Based on the data “00”, “01”, “11” and “10”, the current 
location (red) moves to the next location rotated by +1, +3, +5 or +7 times π/4 radian respectively. 

For example, if the coming data is “01”, which means +3 units of shift or rotation, the current 

location #7 will move to the location #2. (7+3-8=2)  

                            
Figure 1:     Constellation Points                Figure 2:     Transition Routes 

 

Figure 3 illustrates examples of the phase transition routes. The distance from the origin to the 

locus represents the amplitude of a modulated signal.  Figure 3 also shows that the locus never 

goes through the origin, meaning the amplitude of the modulated signal does not change so 

radically. Therefore, power amplifiers employed in this modulation require less linearity than a 
regular QPSK, whose locus goes through the origin. This is an advantage of the π/4 Shifted DQPSK. 

 
Figure 3: Example Transition Routes (red=start) 

 



Modulation Scheme 
 

In order to demonstrate the modulation with using the MB-AV8 in the V93000 system, the example 

condition is settled as follows; 

 

 Data   PRBS 512 bits 

 Di-bit    256 symbols (= 512 / 2) 

 Symbol Rate  192 k baud (k symbols/sec) 

 Roll-off Filter  Roll-off Factorα=0.5, Raised-cosine √Nyquist 

 IF Carrier   1.536 MHz (= 8 x 192 k baud) 

 

The carrier frequency of the IF (Intermediate Frequency) is set as a convenient value for the 

resource. It is not the case of real cellular phone systems. The HF AWG in the MB-AV8 generates the 

modulated signal. The resource condition is as follows:-  

 

 AWG Sampling Rate  49.152 Msps (= 32 x 1.536 MHz) 

 AWG Waveform Length 65536 words (= 256 words x 256 symbols) 

 

Figure 4 illustrates the whole scheme of the waveform generation. The 512 bits of PRBS data is 

generated for test purpose. Firstly, it is sliced every 2 bits, which is called “di-bit.” Each di-bit selects 

one of the four transition routes according to the rule depicted in Figure 2, so the 256 constellation 

points would be defined. This is a differential phase shift modulation so that the starting location of 

phase is not important. Each one of the symbol points has a set of x and y coordinates which is 

depicted in Figure 1. After the mapping of di-bits, the (x, y) data is split into the I/Q trains of 

impulses. The symbol rate is 192 k baud. So the impulses are aligned at the rate of 192 kHz. 

Eventually a modulated IF waveform is loaded in the AWG so that the I/Q data of impulse trains are 

over-sampled at the pace of the AWG that is 49.152 Msps. The I/Q impulse trains are rolled off by 

the root raised-cosine filter in order to limit the bandwidth of the final modulated signal. The 

frequency limited I/Q waveforms are multiplied by the cosine and sine IF waveforms respectively, 

and then they are summed together making a single waveform, which is appropriately scaled to the 

full-scale range of the AWG. 

 

 
Figure 4: Modulated Waveform Generation Scheme 

 

Test signals should emulate the mission mode condition for giving stress to the device under test 

(DUT). So, there are additional blocks included in Figure 4 in the right bottom corner. This part is 

provided to make the signal look more realistic adding a band limited noise.[1] It is not essential for 

the modulation processing. Actually, not only noise but also jitter may be injected in the signal.[2] 

 



Waveform Generation Process 

 
Let us now take a look at the processing of the waveform generation according to the schematic in 

Figure 4. The test signal is the 512-bit PRBS, which can be generated by the 9-bit Linear Feedback 

Shift Register (LFSR). The 9-bit LFSR generates 29-1=511 bits of data, containing 256 “1” and 255 

“0”. In order to make it convenient for di-bit structure, the size of the input bit stream should be an 

even number, so one more “0” is added to the end of the stream.  

Figure 5 depicts the top and tail parts of the 512-bit PRBS, 256 di-bit and its absolute phase index 

trend which is interpreted from the di-bit stream. The initial phase is supposed to be located at #0, 

and the following indexes of the 256 di-bits go as illustrated. The phase index ends as #4 which is 

different from the starting location #0. So if this phase index locus is continuously looped, the data 

conveyed in the stream would be slightly altered from the second loop. The transition from #4 to #5 

is +1, so the di-bit is “00”. So the stating data “11 11 11 11” would be changed as “00 11 11 11” 

from the second loop. However, the embedded digital data is not essential in this experiment, 

because the modulated waveform itself and how dense the constellation points concentrate are 

evaluated. 

 

 
Figure 5: 512-bit PRBS  256 Di-bit  Phase Index 

 

The phase index in Figure 5 means the (x, y) address of the constellation points, which can be 

separated to the I-signal (x array) and the Q-signal (y array). Then the I/Q-signals are transformed 

to the impulse waveforms as illustrated in Figure 6. The time step is at 49.152 Msps. The amplitude 

of impulses is either 1.0 or 1/√2. The impulses exist at the rate of 192 kHz. The space from one 

impulse to the next is filled up with 0 in the I/Q-signal arrays. 



 
Figure 6: I/Q Impulse Trains 

 

The impulse trains are filtered by the raised cosine “root” Nyquist filter. Figure 7 illustrates the 

raised cosine Nyquist characteristics with the roll-off factorα=0.5. In the system, this frequency 

response is square-rooted and evenly compromised in the modulation side and the demodulation 

side. While the signal goes through a modulator and a demodulator, the combined filter response 

completes the raised cosine characteristics because √a•√a =a. 
 

     
Figure 7: Raised Cosine Characteristics    Figure 8:  Square Root Response and FIR 

 

The roll-off response of the raised cosine in Figure 7 is square rooted and transformed to the finite 

impulse response (FIR) as illustrated in Figure 8. Firstly, the root Nyquist response is designed in 

the frequency domain, and transformed to the time domain waveform by using the inverse FFT 

(IFFT). For more information about FIR generation, look at the archived article.[3] 

By convoluting the FIR curve to the impulse trains in Figure 6, the rolled-off I/Q-signal waveforms 

are generated as Figure 9 shows. Figure 10 displays the I/Q-signals in the 2-dimensional coordinate. 

This is the I-Q combined signal locus. You can see the locus does not cross over the origin. As you 

may notice, the eight constellation points at this stage are not well converged.  This is because the 

roll-off characteristics is square rooted or halved so that the raised-cosine response is not yet 

completed.  

 



          
Figure 9: Rolled-off I/Q Signals                       Figure 10:  I-Q Signal Locus 

 

The rolled-off signals are multiplied to the orthogonal IF carriers respectively. The carriers are 

expressed cos(IF) and sin(IF) in Figure 4. The 2048 cycles of cosine and sine waveforms are 

generated and multiplied to the I/Q-signals respectively, and then they are summed up together 

making a single IF waveform, which is shown in Figure 11. The amplitude is scaled to +/-0.5 V 

which is ready for downloading to the AWG. As you can see the envelope of the combined waveform 

does not cross over the zero level, meaning the amplitude change is limited, so the amplifier in the 

real device requires less linearity. Figure 12 shows the FFT spectrum of the modulated signal. The 

carrier 1.536 MHz is modulated and the occupied band-width is approximately 300 kHz. 

     
Figure 11: IF Modulated Signal                    Figure 12:   Mod. Signal Spectrum 

 

As previously mentioned, the block diagram in Figure 4 includes blocks for adding a band-limited 

noise. If you need to use a S/N controlled modulated signal, you can add band-limited noise to the 

waveform shown in Figure 11 by using the method described in the archived article.[1] 
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Example Source Code 
 

The subroutine: 

 

 
 

 

 

 

The main routine: 

 

 



 

 
 

 



 

 

 


