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Abstract - We present a method to accurately model and generate 
Gaussian bandpass noise, with the primary goal of facilitating 
Built-In Self Test (BIST) in digital receivers in wireless 
communications systems. The algorithm outlined in this paper 
allows for complete BIST of the receiver, from the Intermediate 
Frequency (IF) to the output data stream. We focus on 
implementational details which are of most interest to 
contemporary wireless communications systems, namely on 
providing solutions for the following system attributes: (1) all- 
digital software radio receivers; (2) fixed-point implementation; 
(3) hardware implementations; (4) applications for BIST in 
satellite, cellular,  mobile, and low-power applications. While the 
problem of generating bandpass Gaussian noise is related to 
generation of Additive White Gaussian Noise (AWGN), it is 
shown that to generate bandpass Gaussian noise samples for all-
digital receivers it is necessary to generate non-white correlated 
noise. As an additional complication, fixed-point representation 
of this noise must address dynamic range considerations to avoid 
saturation and underflow. We present a method by which 
bandpass Gaussian noise can be generated and incorporated 
with ease within BIST circuits in contemporary receivers while 
conforming to any low-power, fixed-point, and small form-factor 
constraints that apply to the receiver as a whole. 

I. INTRODUCTION 
Receiver architectures are increasingly shifting the Analog-to-

Digital Converter (ADC) up the processing stream, resulting in 
many "all-digital" receiver implementations, where the only analog 
parts of the receiver are the antenna and relatively simple 
amplification and frequency downconversion mixing circuit to a 
suitable IF (Intermediate Frequency) [1 Chap. 3, 2 Fig. 8.6]. From 
there, the signal goes to an Analog-to-Digital Converter, and the 
digital samples enter the all-digital receiver. The basic structure of 
a modern communications receiver is shown in Fig. 1. Whereas 
the location of the A/D conversion is a design choice, the trend in 
recent years has been to shift the conversion from points (F) to 
between points (B) and (C) in Fig. 1. The advantages of 
implementing the receiver in the digital domain are many. Some of 
those are [1 Chap. 3, 3 Chap. 10]: (a) superior repeatability and 
freedom from component variation effects; (b) possibility to 
implement arbitrarily complicated (and more optimal) receiver 
structures; (c) immunity from analog crosstalk and parasitic effects 
and (d) enhanced testability and probing.  
 Receivers are increasingly reconfigurable and able to handle 
different modulations; this is sometimes called "software radio" [2, 
4] although this is somewhat of a misnomer since many such 
receivers have a purely hardware implementation [1 Sec. 2.1, 5] 
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(e.g. using FPGAs (Field Programmable Gate Arrays) or ASICs 
(Application Specific Integrated Circuits)) [5]. Today's cellphones, 
mobile, and wireless networking receivers also place a high 
premium on low-power, where every miliwatt is important. A 
corollary of this trend is that often a fixed-point architecture is 
chosen since it is cheaper and consumes less power than a floating-
point implementation [3 Chap. 10]. Additionally, receivers are 
becoming smaller, especially for handheld devices, and the small 
form-factor often severely constrains the designer. 
    When the designer is thinking of incorporating BIST (Built-In 
Self Test) into a wireless communications system, he or she 
usually cannot therefore stray from the small physical footprint 
and/or low-power and/or fixed-point and/or all-digital architecture 
which constrain the rest of the receiver's architecture. Doing so 
could significantly complicate the overall receiver structure and 
make it less reliable, less economical or significantly less energy 
efficient, thereby defeating the very purpose of the BIST circuit. 
 Despite the challenges, insertion of BIST circuits is an 
important and sometimes crucial part of wireless receivers. BIST 
is important during the manufacturing process for easy quality 
control, as well as during the lifetime of the device for monitoring, 
fault detection, and other diagnostic and repair purposes [6]. BIST 
is of particular importance where access to the device is costly or 
impossible; a few obvious examples are satellites and deep-space 
systems, cellular base-stations or telephony microwave repeaters at 
remote locations, and military systems. 
 "Complete" BIST of a receiver means generating a waveform 
that is composed of a modulated signal to which bandpass noise is 
added, and the sum (the BIST waveform) is fed into the receiver's 
IF input, i.e. in point (B) or (C) in Fig. 1 (even more "complete" 
testing of the receiver by BIST signal or waveform injection to 
point (A) can also be achieved [6-9] by upconverting any signal or 
waveform fed at points (B) or (C), but this is straightforward and 
thus not within the scope of the current paper1). "Complete" BIST 
waveform generation is shown in the inset of Fig. 1. This is 
different from "partial" BIST, in which only the back-end of the 
receiver is tested, which is accomplished by feeding noise-
corrupted signals after the I-Q-Demodulator, i.e. in points (D), (E), 
or (F) in Fig. 1. Obviously, complete BIST is much more 
indicative of the receiver's health than a partial BIST of its back 
end. Unfortunately partial BIST has usually been the compromise 
adopted by many designers due to the complexity of incorporating 
a complete BIST into the receiver [10, 11]. 
     Generating the signal portion of the BIST waveform is 
straightforward, and involves modulating a signal using dedicated
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 circuitry or perhaps using an already present onboard transmitter. 
Generating bandpass noise is more complicated. Analog noise 
sources have been available, for example from NoiseCom [12], 
although these require external components such as bandpass 
filters and gain control circuits, require separate (and often 
isolated) voltage  supply circuitry, and their form factor and power 
consumption is prohibitive in some applications. Moreover, the 
analog nature of these generators makes them inflexible and 
inherently susceptible to component variations, crosstalk, and 
parasitic effects, and so engineers are often rightfully reluctant to 
include in them in the receiver. 
 In this paper we take upon ourselves the rather ambitious goal 
of trying to provide a method by which bandpass Gaussian noise 
samples can be generated digitally for complete BIST in a wireless 
receiver, while adhering to all of the above-mentioned 
requirements: (1) an all-digital implementations; (2) fixed-point 
arithmetic; (3) low-power consumption; (4) a small form-factor. 
 We emphasize that the proposed algorithm is for generation of 
bandpass Gaussian noise at the ADC sampling frequency. This is 
an important distinction because the ADC sampling frequency in 
an IF all-digital receiver will usually be much higher than the 
symbol rate. While matched filters at the receiver back-end usually 
ensure that noise samples taken at the symbol rate at2 point (F) are 
mutually uncorrelated [13 Chaps. 4, 5], we shall show that at the 
IF the noise samples taken at a much higher sampling rate will in 
fact be correlated. The noise samples which we are generating here 
are therefore Gaussian, non-white (since they are bandpass), and 
mutually correlated. This is not an easy endeavour, but it is 
nonetheless imperative if complete BIST is desired. 

II. THEORY OF NOISE GENERATION 
Define the complex baseband modulation signal [13 Sec. 4.1] as 

m(t). We do not limit the modulation type. The IF modulated 
signal is  ( ) Re ( )exp( 2 )m c is t m t j f t j  . We assume for 

simplicity that the Image Rejection (IR) filter is an ideal filter 
around the carrier frequency and has the Fourier Transform: 

                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                         

2 In the remainder of the paper, for brevity, we use the nomenclature "point (•)" 
(e.g., "point (C)") to refer to Fig. 1, without explicitly writing "Fig. 1". 

1         2 < 2
( )

0        otherwise
c c

IR

f W f f W
H f

   


 
(1) 
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where sinc( ) sin( ) /( )x x x  . We use (2) as an example ACF 

(because it is the most common case), but emphasize that other 
ACFs can be accommodated without essential changes to the 
algorithm, though investigation of this is beyond the paper's scope. 
   Assume that the ADC is located at point (B) in the receiver, and 

has a sampling rate of sf , where 1
s Tf  , with 1

T
 being the 

symbol rate. Assume that, via an on-board modulator, we generate 
the signal component of the BIST waveform. The problem we are 
treating in this paper is therefore to generate a random noise 
process which has the correlation of (2) and which is sampled at a 
sampling rate of sf . That is, we would like to generate a discrete 

random process [ ]n  where for which the ACF is a sampled 

version of (2). However, as we shall see in Sec.  III, the variance of 
the noise process will be determined from fixed-point 
implementation dynamic range considerations. Therefore, for 
simplicity we concentrate now on finding a process which has unit 
variance but the same ACF shape, that is we would like to find a 
process such that: 

 [ ] [ [ ] [ ]] sinc cos(2 )s c sR E n n W f f f            (3) 

(note that [0] var( ) 1R    ). 

The general method of generating a discrete-time random 
process with a given ACF is a subject that has been studied in 
some sources, including [15 Sec. 7.4] and [16]. The general idea is 
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Fig. 1 – Simplified diagram of a wireless receiver. Inset: Simplified diagram of BIST waveform generator. By default in this paper we assume that the 
BIST waveform is inserted either in point (B) or point (C). IR Filter = Image Rejection Filter. ADC = Analog-to-Digital Converter. DAC = Digital-to-
Analog Converter. The RF-to-IF downconversion chain is simplified as it may contain several IF conversion stages in practice. The points (A) through 
(F) are points where the A/D conversion could be done and also where test signals can be inserted. If the ADC is in points (A) or (D) through (F), then the 
IR and IF filters can (and will) often be merged. In this paper we assume unless otherwise stated that the ADC is located between points (B) and (C). In a 
coherent receiver during lock, we have 0   and i o  , whereas this would not hold for differential or noncoherent demodulation. Note that for 

brevity in the paper we write "points (D)" instead of "points (D1) and (D2)", and similarly we write "points (E)" and "points (F)". 
 



 

to use an AR (Auto-Regressive) method. We now review Ref. [16] 
in order to help us arrive at a method to model [ ]n . From [16 

eq. (4)] we know that the AR equation of order p  for [ ]n  is: 

1
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p
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where [ ]w n  is a real zero-mean Gaussian process with variance 

2
p  and the constants a  are such that the following holds [16]: 
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  It is obvious that (5) defines a recursive relation from which the 

constants a  can be recovered. These equations can be 

represented in matrix notation for 1 p   as [16 eqs. 7a, 7b]: 
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and: 

 [1]  [2]  ...  [ ] 
T

v R R R p  
  1 2  ...  

T

pa a a a  
  (8) 

Theoretically, if R  is invertible, from (6) a


 can be recovered 

through   1
a R v


 
   . Once a


 is recovered, the necessary 

variance 2
p  of the Gaussian process [ ]w n  is from [16 eq. 8]: 

2

1
[0] [ ]

p

p R a R


    
  (9) 

Once 2
p  is known, [ ]w n  is generated via a plethora of known 

Gaussian process generation methods [15 Chap. 7], and [ ]n  can 

be computed using (4). Let us call the resulting computed process 
as ˆ [ ]n . Then ˆ [ ]n  has an ACF that agrees with the desired ACF 

up to lag number p, i.e. we have that 
ˆ ˆ [ ] [ ]R R     for 

p p   , and for p  the ACF 
ˆ ˆ [ ]

NN
R   has the desirable 

property that it has the maximum entropy (see  [16 Sec. III-A]). 
Thus, by choosing a large enough p, we can generate a process 
with the desired ACF up to any desired precision. 
 The problem with the above algorithm, as noted in [16], is that 

the matrix R , while invertible, is not well behaved, in the sense 

that 0R  , which means that computation of a


 becomes nearly 

impossible. A method to overcome this is proposed in [16], which 
is to add a small constant   to [0]NNR , that is define: 
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R
R
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 (10)

and then using the preceding algorithm in order to generate a 
random process with ACF of ˆ

NNR .  From (10), this ACF only 

disagrees slightly with R  for =0 , which means that the 

resulting process will have a variance that is increased by a value 
of  . The value of   is found empirically in [16 Table I], which 

ranges from 5
10

  to  8
10

 and is in general dependant upon the 
desired ACF. In general, a larger   will provide more stable 
equations but will also increase the disagreement of the variance of 
the resulting process as compared to the desired one. However, by 
keeping   sufficiently small as compared to [0]R , the practical 

effects of this inaccuracy are negligible. 
 As for the order p necessary for an accurate generation of the 
noise process, a study of this can be seen in [16 Table II], although 
it pertains to a different ACF. Nonetheless, from [16 Table II]  
both theoretical and experimental results suggest that an order of 
p=200 will achieve practically ideal results (diverging less than 
0.001 dB from the desired ACF using the basis power margin 
metric [16]). In the algorithm presented further on, we present an 
ad-hoc formula for determination of p, which results in p=534 
being used in this paper, and experimental results will show that 
indeed the accuracy achieved is quite acceptable. 

III. FIXED-POINT GENERATION OF NOISE 
In the previous section we have outlined an algorithm to generate 

a bandpass correlated Gaussian noise process, largely based on 
[16]. However, the mathematical algorithm per-se is not sufficient. 
In many practical systems where fixed-point implementations are 
used, particularly in hardware implementations (FPGAs and 
ASICs), we must specifically take into account the fixed-point 
nature of the noise process3. Designing for a fixed-point 
implementation is more challenging since fixed-point systems 
have a limited dynamic range which is much more constricted than 
floating point systems. Since any nontrivial Gaussian process has a 
range of [ , ]  , while the dynamic range of the fixed-point 

word representation is finite, we must find a way to represent the 
Gaussian process in such a way that overflows and underflows are 
minimized. We begin this by investigating the general problem of 
optimizing the variance of a Gaussian process so that underflows 
and overflows are minimized. 

First we define the Gaussian error functions [13 Chap.2] 

  2
2

0

x terf x e dt


  and   2
2 t

x
erfc x e dt



  . Now, 

given a zero-mean Gaussian variable z  with variance 2  the 
probability that z  is larger than A  (where 0A  ) is [13 Chap.2]: 

  1 ( ) 0.5 / 2P P z A erfc A     (11)

The probability that z  is between 0 and B is (where 0B  ) : 

  2 (0 ) 0.5 / 2P P z B erf B      (12)

It is obvious, from symmetry considerations, that 
( ) ( )P z A P z A     and (0 ) (0 )P z B P z B      . 

   Now, assume that the fixed-point implementation has a dynamic 
range of [ , ]A A , and the minimal precision that can be 

represented in the binary word is B . The total probability of 
overflow and underflow is thus: 

     
3

1 2

( ) ( ) (0 ) (0 )

2( ) / 2 / 2

P P z A P z A P z B P z B

P P erfc A erf B 

           

   
 

(13)

                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                         

3 Moreover, if the BIST waveform is to be converted to an analog signal to be 
injected into the receiver (e.g. in point (B)), we must always at some point 
convert to a fixed-point representation, since the DAC has fixed-point inputs. 



 

To find a value of   that will minimize 
3P , we note that: 

     

     2 2

2

2 2

2 22 2
2 2

2

2

exp

A A

x A A

A

A

x

x

d d d
erfc erfc x

d dx d

e A

 

 



 

 

 
 
 

   
 
 
 





    

      

(14)

Similarly it is easy to show that: 

     2 2 22/ 2 exp / 2
d

erf B B B
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    (15)

Thus, to find the minimum we take the derivative of (13) and 
compare to 0, to get: 

   /( 2) /( 2) 0
d d

erfc A erf B
d d

 
 

   (16)

From (14) and (15) we arrive at the equation: 

   2 2 2 2 2 22 2exp /(2 ) exp /(2 ) 0A A B B          (17)

Rearranging and simplifying, we have: 

 2 2

22
exp 1A B A

B 
     (18)

Solving for   we have: 

 
2 2

2 ln /opt

B A

A B


 
    

 
(19)

where we use 
opt  to denote that this is the optimal standard 

deviation (from an overflow and underflow point of view). For 
example, if we have a 9-bit fixed-point number in two's 
complement format, where the word format is 1 sign bit and 8 
fractional bits, we have 8 8(2 1) / 2 1A     and 82B   then to 

minimize overflow and underflow simultaneously we must have, 
from (19), 0.3003opt  , and from (13) we have 

3 0.0112P  , or 

about a 1% overflow and underflow rate, which is certainly 
acceptable. In Fig. 2 we see a graph of 

3P  as a function of   for 

these values of A  and B . Fig. 2 confirms the optimal value found 
in (19) and the corresponding probability of (13). In general, if the 
number of bits in the word is b,  where one of these bits is a sign 
bit and the rest (by convention) represent a fractional value, then 
we have 1A   and ( 1)2 bB   , and 

opt  is determined from  (19).  

 The algorithm in Sec.  II hence must be modified as follows. 
Once the samples of the noise process [ ]n  are generated, the 

process will have the desired ACF shape, with variance 1  . In 
order to satisfy optimality for overflow and underflow, we define a 

new process as 
var( [ ])

[ ] [ ] opt

n
n n


 

   , where var( [ ])n  is a 

numerical computation of the variance from the generated noise 
samples. It is trivial to show that the resulting noise process will 

still have the desired ACF shape, but with variance 2
opt . 

IV. BIST WAVEFORM GENERATION 
As part of BIST waveform generation suitable for insertion in 

point (B) or (C), we must generate a modulated signal that would 
emulate ( )ms t . As a general rule, the transmitted data bits will be 

pseudo-random (for example, a maximal-length sequence 
generated from a linear feedback shift register (LFSR)), which 
would allow error rate measurement4 at the receiver back end [18].  
                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                                         

4 BER measurement at the receiver is done rather easily by inserting a BER 

The generated modulated signal must be added to the noise 

signal generated in Sec.  III (see inset of Fig. 1) to generate the 
BIST waveform. Once the noise process with known variance and 
optimal overflow and underflow statistics has been generated, the 
idea is to scale the amplitude of the signal component of the BIST 
waveform in order to emulate various SNRs (Signal to Noise 
Ratios), i.e. we scale the signal, not the noise. This is done for two 
reasons: first, any scaling of the noise signal will have an impact 
on the overflow and underflow statistics in a fixed-point system, 
which would degrade from the optimal performance achieved in 

Sec.  III. More importantly, scaling the signal while keeping the 
noise level constant is usually a more exact emulation of the 
waveform entering the receiver. Usually, the noise level at the 
receiver will not change, as it is the background noise at the 
antenna's entrance plus the receiver's noise figure (primarily 
determined by the LNA [1 Sec. 3.35, eq. 3.18]). The signal, 
conversely, will change as a function of the communications link 
(e.g., because of fading, movement, antenna alignment, or varying 
transmission strength). Thus, scaling the signal component (as 
opposed to the noise component) will usually provide a more 
realistic BIST waveform for the receiver.  

V. HARDWARE EXPERIMENTAL RESULTS 
For experimental verification, noise samples were generated 

using the aforementioned algorithm and used in a hardware 
implementation of an all-digital DEBPSK [19 Sec. 4.2] 
(Differentially Encoded Binary Phase Shift Keying) receiver 
implemented by the author [20] on a Xilinx Spartan 3A FPGA 
Starter Kit board [21]. Note that the demodulation is coherent, 
even  though the bit encoding is differential [19 p. 135-136]. The 
parameters of the receiver [20] are summarized in Table I.  

It should be noted that the rather low frequencies chosen for the 
implementation are due solely to the limitations of the board and 
measurement equipment that was available. For example, the 
spectrum analyzer available was a PC-Based program called 
YMEC DSSF3 [22] which could only measure up to 20 KHz. The 
limitation upon the proposed algorithm in a given system will in 
general depend upon the memory chips used to store the noise 

samples, as detailed in subsection  A that follows. 
For the example system the symbol rate was chosen to be 625 

Hz. Since the modulation is DEBPSK the null-to-null distance of 
the main lobe is 2/T=1250 Hz around the carrier frequency [19 
Chap. 4]. At the image rejection filter we would like the filter to 
allow the main lobe and half of the second lobe to pass, so that at 
                                                                                                            
measurement module in the FPGA or ASIC (or in software), though standalone 
commercial BER measurement chips exist as well  (e.g. [17]). 

 
Fig. 2. Probability of overflow and underflow, 

3P  (eq. (13)), for 1A  and 

82B  . Circle denotes numerically found minimum, which is 

3 0.0112P  , which indeed occurs at 0.3003   



 

least ~95% of the signal power is allowed to enter the receiver. 
The width of the image rejection filter will therefore be 
W=1.5•2/T=1875 Hz. For BIST purposes, ideally we would want a 
flat noise spectrum throughout this filter range (and 0 outside it), 
and this is shown as the "desired" curve in Fig. 4. 

As for the order of the AR model, p, since no data exists except 
that in [16] which pertains to another ACF, we adopt a heuristic 
approach. The central idea is that the ACF should agree with the 
desired ACF for a length substantially longer than the time-domain 
impulse response of the baseband equivalent of the IR filter. As a 
rough guide, we can say that the impulse response of the baseband 
equivalent of the IR filter is of duration 1/W. If we adopt a 
conservative approach and aim to have the ACF agree up to 10 
times the impulse response width, then the number of samples for 
which we desire agreement is 10 / 534sp f W    . This is 

therefore the AR order used to generate the noise. In [16]  it was 
shown that for p=200  the output of the AR model will agree to a 
precision of better than 0.001 dB with the desired ACF, for an 
ACF that is different from (2) yet has a similar shape. It is 
therefore reasonable to assume that p=200 will be sufficient for 
the purposes of this paper as well. Choosing p=534 is perhaps 
conservative but, since the noise samples are not computed in real 
time (see following subsections) this does not impact the receiver's 
design or efficiency. Moreover, excellent agreement of the 
generated noise process ACF with the desired ACF is observed; 
this can be seen in Fig. 3. We used 4

10   which, as Fig. 3 shows, 
has a negligible effect on the ACF congruence. Quantile-to-
quantile plots in Matlab (the functions normplot and qqplot) 
were used as goodness-of-fit tests [15 Chap. 7] to confirm that the 
noise process distribution is indeed Gaussian (these graphs are 
omitted due to space constraints). 

A. Hardware implementation 
In order to arrive at an extremely simple and effective 

implementation, we choose to compute the noise process samples 
using MATLAB and store the generated noise samples in a 
FLASH memory on the board. The FLASH memory is read by the 
BIST circuit sequentially in a continuous loop in order to generate 
the noise samples. Obviously, the number of samples stored in the 
memory must be sufficiently large so as to insure that accurate 
BIST is possible despite the finite sequence length; this is 
discussed in the next paragraphs. The proposed implementation is 
a rather trivial one but has many advantages. First, since the IR 
filter characteristics of the receiver is known, then the noise 
samples can be generated in advance, thus avoiding the need for 
computing the noise samples in the target device and/or in 
realtime. Secondly, FLASH memory is nonvolatile, has an 
extremely low current (e.g. 30 µA standby current and 16 mA 
operating current [23]), has a short read access time (<20 ns in 
burst mode [23]), is available in high capacity (at least 256 Mbit 
currently [23]), and is available in small surface-mount footprints 
(e.g. less that 0.7 cm2 per chip of 256 Mbit [23]). This makes 
computing the noise samples beforehand and storing them in 
FLASH memory on the device ideal for applications where power 
and form-factor considerations are premium, such as cellular, 
mobile, and space systems. For very high sampling rates (e.g. 
hundreds of MHz), it is possible that the read access time of 
FLASH memory will not be fast enough. In that case the data may 
be stored in FLASH and, at system startup, transferred to a faster 
(but volatile) memory such as a DDR SRAM chip, for later use in 
the proposed BIST scheme. A power and form-factor penalty will 

be incurred in such a case, although at such high sampling rates 
this will likely not have a dominant impact on the overall power 
consumption of the circuit, since the power consumption will most 
likely be dictated by the ADC circuit and the receiver processing 
needed for such high data rates [1 Sec. 2.5,  Figs. 2.12-2.14]. 

Obviously, the number of generated samples must be sufficient 
to accurately allow measurement of BER rates during BIST. This 
is best understood through an example. For example, in our 
hardware, the sampling rate is 100 KHz and the symbol rate is 625 
Hz. To measure a BER of 10-3, we therefore need to measure BER 
on (at least) an order-of-magnitude more symbols, that is  
10•(1/10-3)=104 symbols, which would take 104/625=16   seconds. 
At the sample rate of 100 KHz, this means that 
16•100•103=1,600,000 noise samples are necessary. At 10-bits per 
fixed-point sample, this requires 16 Mbits as the minimal FLASH 
capacity needed, which was indeed available in our hardware [21]. 

B. Experimental results 
We present experimental verification by several means.  
First, the generated noise samples are converted via a DAC 

(Digital to Analog Converter) and the spectrum measured via a 
spectrum analyzer. The results are given in Fig. 4, which shows 
excellent agreement between the desired and measured noise 
spectrums, and the small discrepancy is due to the finite length of 
the AR model and the spectrum analyzer noise floor. 

Secondly, a DEBPSK signal is generated by the FPGA, added to 
the generated noise signal, and inserted to the receiver at point (C). 
The output of the IF filter is converted using a DAC and connected 
to a spectrum analyzer. The spectrum, for an SNR of 11.4 dB, is 
shown in Fig. 5. The spectrum in Fig. 5 clearly has the desired 
shape of a filtered DEBPSK spectrum with noise addition. 

Note that the spectrum measurements in Fig. 4 and Fig. 5 are in 
normalized units of dBc/Hz, which is dB relative to the measured 
power level of an unmodulated full amplitude carrier at 5 KHz. 

Finally, the most definitive method of verifying the usefulness of 
the generated noise samples is to compare the BER (Bit Error 
Rate) measured at the receiver's output versus the theoretically 
expected values. The noise signal shown in Fig. 4 is added to a 
generated DEBPSK signal whose amplitude is scaled to achieve 
various desired BIST SNR ratios. The data that is transmitted is a 
pseudo-random maximal-length sequence generated by a 7-bit 
LFSR, in order to allow for BER measurement. This BIST 
waveform is fed into the digital receiver in point (C), and the BER 
is measured by a BER measurement circuit within the receiver's 
FPGA. The results are shown in Fig. 6 , which demonstrates that 
the measured BER has excellent agreement with the theoretical 
predictions, with the maximal measured deviation being 0.2 dB, 
which is well within the accuracy of the measurement setup, which 
is estimated at ±0.5 dB.  

VI. CONCLUSIONS 
 In this paper we presented a method to generate bandpass 
Gaussian noise processes for complete BIST of wireless systems. 
The method is also useful for laboratory and academic 
investigations where precise noise characteristics are required. 
Generation of the noise process involved using AR methods and 

Table I – Summary of  DEBPSK Receiver Parameters 
Parameter Name Symbol Value 
Carrier Frequency fc 5 KHz 
Symbol Rate 1/T 625 Hz 
Sampling Rate fs 100 KHz 
Fixed-Point Word Length b 10 bits 
IR Filter Width W 1875 Hz 

 



 

optimization of the parameters of the latter in order to arrive at a 
process which is suitable for fixed-point implementation. The 
proposed BIST technique was implemented in hardware and 
experimental results were shown to have excellent agreement with 
theoretical results. Additionally, it was shown that it is possible to 
implement the proposed scheme using a simple hardware 
implementation that has a small form-factor and low-power, and 
hence suitable for mobile, satellite, deep-space, cellular, and 
handheld devices. Hence, the proposed techniques have immediate 
applications in current wireless communications system design. 
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Fig. 3 – Desired and measured (via Matlab) ACF of the noise process

[ ]n , as given in (3). Top: first 1068 samples (corresponding to 2p

samples).  Bottom: zoom in to p/2=267 samples. 

 
Fig. 4. Desired and measured noise spectrum, at point (C). 

 
Fig. 5 – Measured spectrum of DEBPSK BIST waveform after the IF filter 
for an SNR of EB/N0=11.4 dB. 

 
Fig. 6. Theoretical and measured BER for DEBPSK receiver implemented 
in hardware [20] and tested via BIST. The theoretical BER is from [19 eq. 
4.12]  

0 0( / )(1 0.5 ( / ))B Berfc E N erfc E N  . 
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