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in the moving body traces a trajectory P(t) in a fixed coord
nate frame F such that: 

or 
 
 
 
The goal is to determine the movement of the end
defined by [T(t)]. 
 
The movement of M relative to a world frame F in the vici
ity of a reference position, defined by t=0, can be 
by the Taylor series expansion, 

 

The matrices [T
j

0 ], [ ] and [ ] are defined by the pos

tion, velocity and acceleration of the end-effector in the v
cinity of each task position Mj.  Therefore, a point
has the trajectory P(t) defined by the equation

 Let  p=[ ]-1
P, which yields 

 where 

are the planar velocity and planar acceleration matrices, 
which are defined by the end-effector velocity and acceler
tion specifications in the vicinity of some task positions M
j=1, ..., n.  
 
   For example, the design parameters for a planar 
are the coordinates B=(Bx, By) of the fixed pivot, the coord
nates P1=(Px, Py) of the moving pivot when the floating link 
is in the first position, and  the length R of the link
task position the moving pivot Pj is constrained to lie at the 
distance R from B, so we have, 
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(t) in a fixed coordi-

The goal is to determine the movement of the end-effector as 

The movement of M relative to a world frame F in the vicin-
fined by t=0, can be expressed 

] are defined by the posi-

effector in the vi-
.  Therefore, a point p in M 

(t) defined by the equation 

are the planar velocity and planar acceleration matrices, 
effector velocity and accelera-

y of some task positions Mj, 

or a planar RR chain 
) of the fixed pivot, the coordi-

) of the moving pivot when the floating link 
gth R of the link.  In each 
is constrained to lie at the 

The first and second derivative of this equation provide the 
velocity constraint equation 
  
 
 
and the acceleration constraint equation
 
 
 
  
In order to determine the five design parameters, five design 
equations are required. Choosing one of the task positions to 
be the first and using the relative dis

=    [  ][ ]-1 allow one to defin

the moving pivot as follows: 
 
  
 
It is now possible to substitute Pj in equation (7) to obtain

  
These are the position design equations. Notice that [D
the 3 x 3 identity matrix. From our definition of the 3 x 3 

velocity matrix, we have P
j = [Ωj

P
j into (8), we obtain the velocity design equations

 

  
From our definition of the 3 x 3 acceleration matrix, we have 

( P
j )= [Λj][D1j]P

1 and substituting 

(9) yields 
 

 
 
where j=1,…., n. These are the acceleration design equ
tions. Thus, for each of the n task positions, the position, 
velocity and acceleration design equations have the follo
ing form: 

 
 
   The algebraic solution to the set of four bilinear equations 
for an RR chain is presented in McCarthy [19
of five position synthesis and applies without any changes to 
the design equations (14). 

T
j

0
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The first and second derivative of this equation provide the 

traint equation 

sign parameters, five design 
ing one of the task positions to 

splacement matrices [D1j] 

e coordinates Pj taken by 

in equation (7) to obtain 

These are the position design equations. Notice that [D11] is 
the 3 x 3 identity matrix. From our definition of the 3 x 3 

j][D1j]P
1 and substituting 

into (8), we obtain the velocity design equations 

From our definition of the 3 x 3 acceleration matrix, we have 

and substituting P
j in equation 

 

the acceleration design equa-
tions. Thus, for each of the n task positions, the position, 
velocity and acceleration design equations have the follow-

 

The algebraic solution to the set of four bilinear equations 
McCarthy [19] for the case 

of five position synthesis and applies without any changes to 
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Geometric Design of Spatial Mecha
ical Linkages with Task Acceleration 
Specifications 

  

Assume that the spatial task consists of positionin
end-effector of a robot arm at a start and a finish position M
j=1,...,n, such that in these positions there are prescribed 
velocities and accelerations. The rotation angles used to d
fine the orientation of the moving body in space are chosen 
to be (θj, Φj, Ψj), representing the longitude, latitude, and 
roll angles that position the z-axis of the moving frame in the 
j-th position. Thus, the rotation matrix [Aj] is given by

 
  
 
where [X(.)], [Y(.)], and [Z(.)] represent rotations about the 
x, y and z axes, respectively. Using this convention, and the 
notation dj=(dx,j, dy,j, dz,j), the position data can be expressed 
as the 4 x 4 homogeneous transform 

 
 where sin(.) and cos(.) are noted with s(.) and c(.), 
tively.  Let the movement of the task frame M relative to the 
world frame F be defined by the 4 x 4 homogeneous tran
form [K(t)],  and consider its Taylor series expansion in the 
vicinity of both start and finish positions, such that

  

The matrices [ ], [ ] and [ ] are defined by the pos

tion, velocity and acceleration of the end-effector in the v
cinity of the two task positions Mj.  A point 
frame has the trajectory Pj(t) in the fixed frame 
cinity of a task position Mj (see Figure 1), given by the equ
tion 
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Geometric Design of Spatial Mechan-
ical Linkages with Task Acceleration 

the spatial task consists of positioning an 
effector of a robot arm at a start and a finish position Mj, 

j=1,...,n, such that in these positions there are prescribed 
velocities and accelerations. The rotation angles used to de-
fine the orientation of the moving body in space are chosen 

j), representing the longitude, latitude, and 
axis of the moving frame in the 

] is given by 

where [X(.)], [Y(.)], and [Z(.)] represent rotations about the 
respectively. Using this convention, and the 

the position data can be expressed 

where sin(.) and cos(.) are noted with s(.) and c(.), respec-
rame M relative to the 

world frame F be defined by the 4 x 4 homogeneous trans-
form [K(t)],  and consider its Taylor series expansion in the 
vicinity of both start and finish positions, such that 

] are defined by the posi-

effector in the vi-
.  A point p in the moving 

(t) in the fixed frame F in the vi-
), given by the equa-

Figure 1. A spatial 6R serial chain with 

M frames 

 

This equation can be rewritten by substituting 

obtain the relative transformation 
 
 
 
 
  
The kinematic specification consist
placements and the associated angular and linear velocities
[Vj  ]=[Wj, vj], j=1, ..., n in start and finish positions, where

 
 The dot denotes derivatives with respect to time. From this, 
the 4 x 4 spatial velocity matrix [ Ωj

 
  
 
 
 
 
where wj=(wx,j, wy,j, wz,j) is  the angular velocity vector and 
v

j=(vx,j, vy,j, vz,j) is the linear velocity vector at the jth pos
tion. Assuming the acceleration properties of the motion are 
defined at the j-th position, yields to:
 
  
 
In order to define the 4 x 4 acceleration matrix [

troduce the 4 x 4 matrix constructed from (22), [

a
j], to obtain 

 
  
 
where j denotes the position in which the 
are defined. 
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A spatial 6R serial chain with its fixed F and moving 

by substituting p=[ ]-1
 P

j to 

The kinematic specification consists of set of spatial dis-
placements and the associated angular and linear velocities  

], j=1, ..., n in start and finish positions, where 

The dot denotes derivatives with respect to time. From this, 
j ] is given by 

) is  the angular velocity vector and 
) is the linear velocity vector at the jth posi-

tion. Assuming the acceleration properties of the motion are 
th position, yields to: 

order to define the 4 x 4 acceleration matrix [Λj], we in-

troduce the 4 x 4 matrix constructed from (22), [  j]=[αj, 

where j denotes the position in which the acceleration terms 

Ω
•
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Spatial Synthesis Applications
  

   The spatial synthesis example is a part of 
forts to explore new, efficient methods for the design of 
fault-tolerant robot manipulators, as well as novel task
planning techniques. Particularly, the authors
non-redundant general six-degree-of-freedom TRS robot 
manipulator (see Figure 2), mounted on a movable platform 
is fault-tolerant with respect to the originally specified task
consisting of second-order specifications, 
joints fails and is locked in place.   

Figure 2. The TRS arm is a general six-degree of freedom serial 

chain configured so that the first pair of revolute joints inte

sect at right angles forming T-joint (also known as U

the last three joints intersect in a point to define a spherical

wrist 

 

The  Dentavit-Hartenberg parameters [20] 
listed in Table 1. The task data is presented in Table 2
consists of two positions with velocity, defined in the first 
position and velocity and acceleration specifications in the 
second position.  
 

Table 1. Denavit-Hartentberg parameters for the TRS arm

 

 

Table 2. Task data for planning movement of the TRS arm

 
   Figure 3 shows the TRS arm moving through the specified 
task. The trajectory is determined from the joint parameters 
using a fifth-degree polynomial interpolation following [21], 
[22]. 

JOURNAL OF MODERN ENGINEERING | VOLUME 11, NUMBER 

Spatial Synthesis Applications 

tial synthesis example is a part of the authors’ ef-
efficient methods for the design of 

tolerant robot manipulators, as well as novel task-
the authors examined a 

freedom TRS robot 
), mounted on a movable platform 

originally specified task, 
order specifications,  after one of its 

 
degree of freedom serial 

chain configured so that the first pair of revolute joints inter-

joint (also known as U-joint) and 

the last three joints intersect in a point to define a spherical 

] of the arm are 
ask data is presented in Table 2. It 

consists of two positions with velocity, defined in the first 
position and velocity and acceleration specifications in the 

berg parameters for the TRS arm 

 

lanning movement of the TRS arm 

 

shows the TRS arm moving through the specified 
task. The trajectory is determined from the joint parameters 

on following [21], 

Figure 3. The world frame F, the location of fixed pivot B in the 

base of the arm, the moving pivot p of the TRS arm

 
   In the following sections, the authors
strategy for the six-degree-of-freedom TRS arm
the originally specified task in the case of an actuator failure.  
 

Arm Actuator Failures
 

   The recovery strategy is based on the
the arm base so that the point B at the intersection of S
S2 of the TRS can be placed where needed in a horizontal 
plane parallel to the X-Y plane of the world frame F. The 
point B lies at the origin of the fixed coordinate system, 
-140 mm at all times, i.e. the arm base can move freely in 
the X-Y plane. The authors assumed that
grasp the tool frame where necessary so that the wrist center 
P could be positioned in F where necessary. The proposed 
strategy reconfigures the arm-platform system using degrees 
of freedom that exist in the system but are locked during arm 
movement. Thus, the recovery plan is achieved by first ide
tifying values for the reconfiguration parameters 
-140) and P=(Px, Py, Pz) that ensure that the end
the TRS arm can achieve the specified task for 
lar arm joint failure, shown below. 
tions combine with the specified task to provide a set of p
lynomial equations for the reconfiguration parameters of the 
platform arm system.  Solutions to
tained numerically using the polynomial homot
uation sofware PHC [23].  The movement of each reconf
gured arm is determined by solving the inverse kinematics 
failure model in each of the task positions, and then using 
joint trajectory interpolation to guide its end
the prescribed task [14]. 
 
   Assume that the actuator of joint S
controls the shoulder azimuth angle, of the TRS arm has 
failed and that the brakes have been set to maintain a co
stant angle θ1.The remaining actuated joints of the TRS form 
a parallel RRS chain that can position the wrist in a plane 
perpendicular to the horizontal axis. Once a normal 
Gy, Gz) to this plane and a position of the wrist center 
Py, Pz) are identified, then the coordi
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The world frame F, the location of fixed pivot B in the 

ng pivot p of the TRS arm 

the authors present the recovery 
eedom TRS arm, to achieve 

the originally specified task in the case of an actuator failure.   

Arm Actuator Failures 

The recovery strategy is based on the ability to reposition 
at the intersection of S1 and 

of the TRS can be placed where needed in a horizontal 
Y plane of the world frame F. The 

lies at the origin of the fixed coordinate system, Bz = 
mm at all times, i.e. the arm base can move freely in 

d that the TRS arm could 
grasp the tool frame where necessary so that the wrist center 

where necessary. The proposed 
platform system using degrees 

but are locked during arm 
movement. Thus, the recovery plan is achieved by first iden-
tifying values for the reconfiguration parameters B=(Bx, By, 

) that ensure that the end-effector of 
the TRS arm can achieve the specified task for each particu-

int failure, shown below. These constraint equa-
tions combine with the specified task to provide a set of po-
lynomial equations for the reconfiguration parameters of the 

latform arm system.  Solutions to these equations are ob-
merically using the polynomial homotopy contin-

].  The movement of each reconfi-
gured arm is determined by solving the inverse kinematics 
failure model in each of the task positions, and then using 

e its end-effector through 

Assume that the actuator of joint S1, in Figure 2, which 
controls the shoulder azimuth angle, of the TRS arm has 
failed and that the brakes have been set to maintain a con-

actuated joints of the TRS form 
a parallel RRS chain that can position the wrist in a plane 
perpendicular to the horizontal axis. Once a normal G=( Gx, 

) to this plane and a position of the wrist center P=(Px, 
) are identified, then the coordinates of the base pivot B 
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can be computed to reposition the base of the platform to 
allow the arm to guide the tool frame through the specified 
task,  despite the S1 joint failure [24]. The polynomial system 
of design equations for the parallel RRS consist
bilinear quadratic equations and one linear equation in the 
five unknowns r=(Gx, Gy, Px, Py, Pz).  The total degree of the 
system is 24 = 16, which is small enough to directly elim
nate the variables and obtain a univariate polynomial of d
gree six.  The solution, corresponding to failure at 
given in Table 3. 
 

Table 3. The reconfiguration parameters for a failed 

 

Figure 4(a) shows the reconfigured platform arm system 
and the trajectory generated to guide the TRS arm through 
the original task with an S1 joint failure.  
 

 
                  (a)                                  (b)                               (c)

Figure 4. (a) The reconfigured platform arm system for an S

actuator failure. (b) The reconfigured platform arm sy

an S2 actuator failure. (c) The reconfigured platform arm sy

tem for an S3 actuator failure 

 

Next, the authors considered the case in which the actuator 
of the second joint S2 of the TRS arm, which controls the 
shoulder elevation angle, fails and that the brakes have been 
set to maintain θ2 at a constant value.  The remaining joints 
of the arm in Figure 2 form a perpendicular RRS chain 
can locate the wrist center on a circular torus.
polynomial equations that define the reconfig
meters r=(Bx, By, Px, Py, Pz) that allow the platform arm sy
tem to complete the task despite the failure. The system of 
five quartic polynomials has a total degree of 4
The real solution, corresponding to shoulder elevation fai
ure at θ2 = 0o, is listed in Table 4.  
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can be computed to reposition the base of the platform to 
allow the arm to guide the tool frame through the specified 

]. The polynomial system 
of design equations for the parallel RRS consists of four 
bilinear quadratic equations and one linear equation in the 

).  The total degree of the 
= 16, which is small enough to directly elimi-

ate polynomial of de-
.  The solution, corresponding to failure at θ1= 90o, is 

. The reconfiguration parameters for a failed S1 joint 

 

shows the reconfigured platform arm system 
and the trajectory generated to guide the TRS arm through 

(a)                                  (b)                               (c) 

The reconfigured platform arm system for an S1 

The reconfigured platform arm system for 

The reconfigured platform arm sys-

the case in which the actuator 
of the TRS arm, which controls the 

that the brakes have been 
at a constant value.  The remaining joints 

ndicular RRS chain that 
can locate the wrist center on a circular torus. We obtain five 
polynomial equations that define the reconfiguration para-

) that allow the platform arm sys-
tem to complete the task despite the failure. The system of 
five quartic polynomials has a total degree of 45 = 1024.  
The real solution, corresponding to shoulder elevation fail-

Table 4. The reconfiguration parameters for a failed S

 
Figure 4(b) shows the reconfigured rover arm system for 

the crippled TRS arm with an S2 joint 
original task.  If the elbow actuator of j
arm in Figure 2 fails then we assume
that θ3 has a constant value. The remaining joints of the arm 

form a TS chain that can position the wrist center 

on a sphere, with a radius R, about the bas
radius R is defined by the link lengths a
θ3, and is equal to 

 
  

 
where the value of θ3 is determined from the joint sensor of 
the failed actuator. As in the previous cases, we seek the 
reconfiguration parameters r=(Bx, B
the arm to perform the original task, despite the failure. The 
polynomial system consists of five quadratic equations in the 
unknowns r and has a total degree of 2
solution, corresponding to elbow failure a
R= 400 mm, is given in Table 5.   
  

Table 5. The reconfiguration parameters for a failed S

 

Figure 4(c) shows the reconfigured platform
and the trajectory generated to guide the TRS with the elbow 
joint failure to achieve the originally specified task. 
face Mobility Platform (Gears LLC), a Lynxmotion robot 
arm, integrated using Single-Board RIO 
Instruments) are used for the experimental set up.  Tests of 
the proposed strategy are currently perfo
Robotics Lab at Texas A&M (see Figure 5). 
 

Figure 5. Experimental set up. Arm in stowed position

 
Figure 6 (a) shows the healthy arm holding a tool, moving 

through a task consisting of second
Figure 6(b) shows the new location of the fixed 
ing p pivots of the arm, after an elbow failure. The closer 
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The reconfiguration parameters for a failed S2 joint 

 

nfigured rover arm system for 
joint failure through the 

original task.  If the elbow actuator of joint S3 of the TRS 
fails then we assume its brakes can be set so 

The remaining joints of the arm 

form a TS chain that can position the wrist center p=[ ]P 

on a sphere, with a radius R, about the base point B. The 
radius R is defined by the link lengths a23 and a34, the angle 

is determined from the joint sensor of 
the failed actuator. As in the previous cases, we seek the 

By, Px, Py, Pz) that allow 
nal task, despite the failure. The 

consists of five quadratic equations in the 
and has a total degree of 25 = 32 [25].  The real 

solution, corresponding to elbow failure at θ3 = 68.56o, i.e. 

The reconfiguration parameters for a failed S3 joint 

 

shows the reconfigured platform-arm system 
and the trajectory generated to guide the TRS with the elbow 

hieve the originally specified task.  A Sur-
face Mobility Platform (Gears LLC), a Lynxmotion robot 

Board RIO – 9632 (National 
Instruments) are used for the experimental set up.  Tests of 
the proposed strategy are currently performed in the Space 
Robotics Lab at Texas A&M (see Figure 5).  

 
set up. Arm in stowed position 

(a) shows the healthy arm holding a tool, moving 
through a task consisting of second-order specifications. 

new location of the fixed B and mov-
pivots of the arm, after an elbow failure. The closer 
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look shows how the re-grasping ability of the end
had allowed for the tool to be grasped at a different location. 
 

(a) 

 

(b) 

Figure 6. (a) The healthy arm moving through the a task.

New locations for the base pivot B and the moving pivot p 

been obtained in order for the crippled TS arm to obtain the 

originally specified task despite the elbow failure

 

   Finally, Figure 8 is a recent result from our efforts to d
sign mechanical linkages, constrained to have the same 
coordinates for the fixed pivot B and the same end
path trajectory. 
 

Figure 8. The TS chain (Bp1) and the perpendicular RRS chain 

(Bp2) move smoothly through the second order task

 
The animation shows that both TS and perpendicular RRS 
linkages satisfy the second-order task specification and 
move smoothly throughout the task. 
 

Summary  

  

    Formulation of the kinematic specification for the synth
sis of spatial kinematic chains with specified task acceler
tion was presented. Applications have focused on exploring 
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grasping ability of the end-effector 
had allowed for the tool to be grasped at a different location.  

 

 

thy arm moving through the a task. (b) 

ew locations for the base pivot B and the moving pivot p have 

TS arm to obtain the 

failure 

from our efforts to de-
sign mechanical linkages, constrained to have the same 

the same end-effector 

 
and the perpendicular RRS chain 

order task 

The animation shows that both TS and perpendicular RRS 
order task specification and 

Formulation of the kinematic specification for the synthe-
c chains with specified task accelera-

Applications have focused on exploring 

new strategies for the failure recovery of general six
of-freedom manipulators. The last example 
second-order effects of the task with the p
ics of the chain to yield free parameters that allow for more 
than one system to accomplish the same task. 
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Abstract 
 

This study applies Six Sigma to optimize the keyway cut-
ting operation on a shaft of a gear box produced by Horton 
Automatics Company. Since the operation had not been op-
timized, many problems had been raised in the assembly of 
keys with shafts and a considerable number of scrap parts 
had been produced which deteriorated profitability of the 
company. The main problem was that the keyway width did 
not allow keys to be assembled into the shaft tightly. To 
solve the problem and optimize the process, DMAIC (De-
fine, Measure, Analyze, Improve, and Control) methodology 
of Six Sigma was applied. In this paper, the steps of DMAIC 
to optimize the operation are presented and illustrated. In the 
Define phase, the problem was defined and the specific op-
eration of the manufacturing process was recognized by the 
PFMEA (Process Failure Mode Effects Analysis) technique. 
In the Measure phase, the operation was studied and the 
process capability was measured. In the Analyze phase, the 
factors that affect the keyway width were identified by a 
cause-and-effect analysis. In the Improve phase, the best 
combination of the levels of the factors was determined by 
using the Design of Experiments (DOE) technique and the 
best combination was applied. Finally, in the Control phase, 
some recommendations were given in order to keep the 
process in good condition.  
 

Introduction 

 

In statistical terms, “reaching Six Sigma” means that the 
process or product performs with almost no defects, but the 
real message of Six Sigma goes beyond statistics [1]. Six 
Sigma is a philosophy of managing that focuses on eliminat-
ing defects through practices that emphasize understanding, 
measuring, and improving processes [2]. The focus of Six 
Sigma is reducing variability in key product/service quality 
characteristics to the level at which failure or defects are 
extremely unlikely [3]. The model of a Six Sigma process 
assumes that if the process is centered at the target and the 
nearest specification limit is six standard deviations from the 
mean, the process will operate at the 3.4 parts-per-million 
defect level [3]. Six Sigma was heavily inspired by six pre-
ceding decades of quality improvement methodologies such 
as quality control, TQM, and Zero Defects [4], [5]. Motorola 
first made Six Sigma popular in the 1980s, AlliedSignal em-
braced it in the early 1990s and then General Electric made 
it the most popular management philosophy in history [6]. 

 

Six Sigma efforts target three main areas of improving 
customer satisfaction, reducing cycle time, and reducing 
defects [1]. Improvements in these areas usually represent 
dramatic cost savings to businesses, as well as opportunities 
to retain customers, capture new markets, and build a reputa-
tion for top-performing products and services [1]. Unlike 
mindless cost-cutting programs which reduce value and 
quality, Six Sigma identifies and eliminates costs which pro-
vide no value to customers, or waste costs [7]. Basu and 
Wright [8] listed some real benefits from the adoption of Six 
Sigma: for example, in 1997 Citibank undertook a Six Sig-
ma initiative and after just three years it was reported that 
defects had reduced by ten times; General Electric reported 
that $300 million invested in 1997 in Six Sigma delivered 
between $400 million and $500 million in savings, with ad-
ditional incremental margins of $100 to $200 million; and 
Wipro Corporation in India says that two years after starting 
in 1999, defects were reduced to such an extent as to realize 
a gain of eight times over the investment in Six Sigma. 
 

Six Sigma employs a well-structured program methodolo-
gy; namely, Define, Measure, Analyze, Improve and Control 
(DMAIC) or Define, Measure, Analyze, Design and Vali-
date/Verify (DMADV) [9]. DMAIC is used for projects 
aimed at improving an existing business process and 
DMADV is used for projects aimed at creating new product 
or process designs [10]. The five steps of DMAIC are as 
follows [8]. Figure 1 shows a flow diagram of the steps of 
DMAIC. 

 
1) Define opportunities: This is done through identifying, 

prioritizing, and selecting the right projects. 
2) Measure performance of the projects and process para-

meters. 
3) Analyze opportunities: Opportunities are analyzed by 

identifying key causes and process determinants. 
4) Improve performance: This is achieved by changing the 

process so as to optimize performance. 
5) Control performance: This is essential if gains are to be 

maintained. 
 
In the following sections, the steps of DMAIC applied to 

the manufacturing process of a gear box produced by Horton 
Automatics Company are described. Since 1960, when they 
developed the first automatic sliding door in America, Hor-
ton Automatics Company has been designing and manufac-
turing automatic systems such as automatic sliding, swing-
ing, folding, and security revolving doors, service windows, 
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presence and motion detection systems, Automated People 
Mover (APM) transit doors, and vehicle door operators

 

Figure 1. Flow Diagram of DMAIC 

 

Define Phase 
 

The automatic swinging door uses the 7000 gear box in 
order to open and close the door. The gear box includes 
three shafts and three gears. Each gear is attached 
by the employment of a key. The most common type of keys 
is flat key, as shown in Figure 2. On the shaft, the keyway is 
classified according to the process by which it is made. Fi
ure 3 shows three of the most common keyways. The main 
function of the key is to transmit torque from a component to 
a shaft (see Figure 4). 

 
In one part of the production line, gears and shafts are 

manufactured and in the other part, gears, shafts, keys, and 
other components, such as casings and switches, are asse
bled together. One of the main subassemblies of the product 
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presence and motion detection systems, Automated People 
transit doors, and vehicle door operators. 

 

The automatic swinging door uses the 7000 gear box in 
he gear box includes 

three shafts and three gears. Each gear is attached to a shaft 
by the employment of a key. The most common type of keys 
is flat key, as shown in Figure 2. On the shaft, the keyway is 
classified according to the process by which it is made. Fig-

most common keyways. The main 
from a component to 

In one part of the production line, gears and shafts are 
manufactured and in the other part, gears, shafts, keys, and 
other components, such as casings and switches, are assem-

together. One of the main subassemblies of the product 

is the C7113 subassembly, which includes 
a C7017 gear. There were many failures occurring in 
C7113 subassembly. The main problem was that the key did 
not fit in the keyway and this made a considerable number of 
scrap parts which had to be reworked
 

Figure 2. A Flat Key (w: Width, h: Height, l: Length) 

 

Figure 3. Three Types of Keyways 

 
 

Figure 4. Keys Role for Transmitting Torque to a Shaft 

 
The primary purpose of the Define phase is to ensure that 

the team focuses on the right things [9]. 
all of the problems in the manufacturing 
shaft, PFMEA (Process Failure Mode Effects Analysis) 
applied. The main processes on the shaft are a hobbing 
process, performed by a hobbing machine, to cut teeth on the 
shaft and a cutting process, performed by a milling machine 
called “key machine”, to cut the keyway on the shaft. The 
PFMEA for these two processes is shown in 

                                                        13 

which includes a C7034 shaft and 
C7017 gear. There were many failures occurring in the 

C7113 subassembly. The main problem was that the key did 
is made a considerable number of 

scrap parts which had to be reworked or discarded. 

 
A Flat Key (w: Width, h: Height, l: Length) [11] 

 
Three Types of Keyways [11] 

 
Keys Role for Transmitting Torque to a Shaft [11] 

efine phase is to ensure that 
team focuses on the right things [9]. In order to identify 

all of the problems in the manufacturing processes of the 
Process Failure Mode Effects Analysis) was 

ses on the shaft are a hobbing 
process, performed by a hobbing machine, to cut teeth on the 
shaft and a cutting process, performed by a milling machine 
called “key machine”, to cut the keyway on the shaft. The 

for these two processes is shown in Figure 5. 
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Through PFMEA, the following items were identified or 
determined for each process: 

 

• Potential failure modes. 

• Potential effects of failure and severity (SEV) rankings of 
the consequences of failure; the severity ranking is based 
on a relative scale ranging from 1 to 10 [12].  

• Potential causes of failure and occurrence (OCC) rankings 
based on how frequently the cause of the failure is likely 
to occur; the occurrence ranking scale is based on a rela-
tive scale from 1 to 10 [12]. 

• Process controls for detecting the failure and detection 
(DET) rankings based on the chances the failure will be 
detected prior to the customer finding it; the detection 
ranking scale is on a relative scale from 1 to 10 [12].  

• The overall risk of each failure which is called Risk Priori-
ty Number (RPN): RPN = SEV × OCC × DET; the RPN 
(ranging from 1 to 1000) is used to prioritize all potential 
failures to decide upon actions leading to risk reduction. 

• Recommended actions to reduce the risk (RPN). 
 

The PFMEA in Figure 5 indicates that the key machine 
process, which is performed by a milling machine, has the 

highest RPN. Based on the observations in this study, it was 
found that the method of cutting the keyway on the shaft had 
not been studied and validated by the plant and there was 
much confusion in the way to cut the keyway on the shaft. A 
vertical milling machine was used to cut the keyway. The 
operator frequently changed the machine setup and generat-
ed different dimensions in the width of the keyway; conse-
quently, many keys could not be assembled to the shafts 
tightly and properly due to incorrect size of the keyway. 
 

Measure Phase 
 
In this phase, a process capability analysis was performed. A 
sample of 30 pieces was taken and Minitab software was 
used to do the analysis. Cpk index is a process capability in-
dex. Equation (1) shows the formula used for calculating 
Cpk. Usually, Cpk should be above 1.33 
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Figure 5. PFMEA Chart 
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In Figure 6, the results of the analysis are shown. The 
width of the keyway should be 0.188 (-0.000, +0.002) inch-
es; LSL (Lower Spec Limit) is 0.188 inches and USL (Upper 
Spec Limit) is 0.190 inches. Cpk of the process was 0.31, 
indicating that the process was in a bad condition. As seen in 
Figure 6, the sample mean was larger than the expected 
mean (0.189), which means that the keyway width was 
usually larger than the width that is ideal for assembling the 
key onto the shaft. Also, some widths were outside the spec 
range, less than LSL or more than USL, and as a result many 
keys could not be assembled onto the shafts tightly and 
properly due to the incorrect width of the keyway. 
 

 
Figure 6. Process Capability Analysis 

  

Analysis Phase 
 

In order to find out the possible causes that affect the 
keyway cutting process, a fish-bone diagram was developed, 
as shown in Figure 7. The possible causes are divided in 
setup, operator, end milling, and machine. For setup, the 
variables to control are the center of cutter and the feed rate. 
The center of the cutter does not affect the keyway width, 
but the effect of the feed rate was unknown and the operator 
was confused about the suitable feed rate for the operation. 
The effect of the feed rate, then, had to be investigated. For 
operator, this is a factor that can be controlled with operator 
training.  For end milling, there are three variables to con-
trol: wear out, the material of the cutter, and the number of 
flutes in the cutter. Wear out can cause imperfections in the 
keyway and there was no estimated time to change the cut-
ter; it was only changed when it was broken. To control this 
cause, the supervisor was told to monitor the start date of a 
new cutter and how many pieces could be made with the 
same cutter. The types of cutters used were either carbide or 
high-speed steel, which are quite similar and do not affect 
the keyway width. Basically, the selection of the cutting tool 
(carbide or high-speed steel) was determined not to be a con-
tributing factor to the incorrect dimension in the keyway. 
Also, there were two types of cutters: 2-flute cutters and 4-

flute cutters. The effect of the number of flutes was un-
known and had to be investigated. For the machine factor, 
the variables to control are: the holder of the shaft, machine 
cleaning, and the head machine. The holder of the shaft 
should be locked but it is dependent on the operator. Clean-
ing is done by the operator but there was not a maintenance 
program. The head machine is an important factor but it is 
dependent on the operator; as long as it is locked and 90 
degrees to the arm, it does not create any problems.  

 
Therefore, the factors for which the effects were unknown 

were identified to be the number of flutes (2 or 4) in the cut-
ter and the feed rate. The feed rate was determined by the 
RPM (Revolutions per Minute) of the milling machine. The 
rotational speed of the machine can be 1750 RPM or 2720 
RPM. Basically, to improve the process, the effects of the 
number of flutes of the cutter and the speed of the machine 
had to be investigated. 

 

Improve Phase 
 
Design of Experiments (DOE) is a technique for examin-

ing controlled changes of input factors and the observation 
of resulting changes in outputs, i.e., the response to input 
changes [8]. DOE was applied in order to determine which 
factor(s) have major effects on the width of the keyway and 
what combination of factors’ levels gives the best result. As 
mentioned earlier, there are two factors, number of flutes 
and RPM, each having two levels. Thus, the experimental 
design is called a factorial design. In statistics, a factorial 
experiment is an experiment whose design consists of two or 
more factors, each with discrete possible values or levels, 
and whose experimental units take on all possible combina-
tions of these levels across all such factors. Such an experi-
ment allows one to study the effect of each factor on the 
response variable, as well as the effects of interactions be-
tween factors on the response variable.  For the vast majority 
of factorial experiments, each factor has only two levels. 
Table 1 shows the data gathered for the analysis. In each 
combination of the levels of the factors, there are ten replica-
tions. 

 
The statistical hypothesis is as follows: 

43210 : µµµµ ===H   

jiH µµ ≠:1
  ; For at least one pair of i and j (i, j=1,2,3,4) 

 
where: 

:1µ Width mean with 2 flutes and low RPM (1750 rpm) 

:2µ Width mean with 4 flutes and low RPM (1750 rpm) 

:3µ Width mean with 2 flutes and high RPM (2720 rpm) 

:4µ Width mean with 4 flutes and high RPM (2720 rpm) 
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Figure 7. Fish Bone Diagram 

 

 

 

 

Table 1. Width of the Keyway (in inches) 

Number of 
Cutter Flutes 

(Factor A) 

RPM (Factor B) 

1750 (Level 1) 2720 (Level 2) 

2 Flute 
(Level 1) 

0.189, 0.188, 

0.196, 0.187, 

0.189, 0.188, 

0.190, 0.190, 

0.188, 0.190 

0.190, 0.187, 

0.187, 0.188, 

0.186, 0.188, 

0.188, 0.187, 

0.187, 0.190 

4 Flute 
(Level 2) 

0.195, 0.195, 

0.192, 0.197, 

0.197, 0.196, 

0.195, 0.196, 

0.195, 0.194 

0.194, 0.192, 

0.194, 0.194, 

0.193, 0.194, 

0.193, 0.194, 

0.193, 0.193 

 
 

The descriptive results of the analysis performed by Mini-
tab software is shown in Appendix 1. As seen in the first 
table of this appendix, the F test statistic for main effects 
(factor A: number of flutes and factor B: RPM) is 74.54 and 
the P value is 0.000. At a significance level of α = 0.05, the 
null hypothesis (H0) could be rejected because P = 0.000 < 

α = 0.05 and F = 74.54 > F0.05, 2, 36 = 2.84. The result shows 
that there is a significant difference between the means of 
the four possible combinations of the factors’ levels, and the 
effect of the main factors (Flute and RPM) on the keyway 
width.  Since for the 2-way interaction the F statistic was 
very small and the P value was more than α, it was con-
cluded that the factors do not have significant interactions. 
An interaction between factors occurs when the change in 
response from the low level to the high level of one factor is 
not the same as the change in response at the same two le-
vels of a second factor. That is, the effect of one factor is 
dependent upon a second factor. 
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In the second table of Appendix 1, the individual effects 
of the factors were investigated. The P values for Flute and 
RPM were 0.000 and 0.001, respectively, and were both less 
than α = 0.05. Therefore, it was concluded that both factors 
have significant effects on the keyway width. In Figure 8, 
the normal probability plot of the effects is shown. Effects 
(the related points) that do not fall near the line have a sig-
nificant impact on the result. The Pareto chart in Figure 9 
displays the magnitude and importance of the effects. Any 
effect that extends past the reference line (the dashed line) is 
important. As shown in Figures 8 and 9, both factors A and 
B have significant effects, but factor A (Flute) has the most 
significant effect. And the interaction effect of AB is not 
significant. 
 

 
Figure 8. Normal Probability Plot of Effects 

 
 

 
Figure 9. Pareto Chart of the Effects 

 
Figure 10 shows the main effect plot. The main effect plot 

is a plot of the means at each level of a factor. The means for 
the factors’ levels can be seen in the third table of Appendix 
1. Since the interaction between Flute factor and RPM factor 
is not significant, the best combination of these factors can 
be found by using the main effect plot. As shown in Figure 
10, the width increases significantly when the number of 

flutes changes from 2 to 4. The mean for 2 flutes is 0.1884 
and within the spec range (LSL = 0.188 and USL = 0.190), 
but the mean for 4 flutes is 0.1943 and outside the spec 
range. The mean for an RPM of 1750 is 0.1923, more than 
the USL and outside the spec range. But it decreases and 
falls in the spec range when the RPM is changed to 2720. In 
conclusion, the best setting for the operation is a 2-flute cut-
ter with an RPM setting of 2720 for the machine.  

 

 
Figure 10. Main Effect Plot 

 
In this phase, some parts were operated with the recom-

mended levels of the factors (2-flute cutter, RPM of 2720) 
and the feed rate of 27.2 in/min. The feed rate was calculated 
by using equation (2): 

 
Feed Rate = RPM * Chip Load per Tooth * No. of Flute = 

2720 * 0.005 * 2 = 27.2 in/min         (2) 
 
For removing some metal particles inside the keyway and 

having accurate measurements, the edges of the keyway had 
been polished with sand paper. Since the polish operation on 
the shaft generated several burrs and spikes around the key-
way, which caused the key not to fit within the keyway, a 
different polishing tool was recommended in order to elimi-
nate all burrs within the keyway. 
 

Control Phase 
 

To control the dimension of the keyway, the operator 
should always use a 2-flute cutter and set the RPM of the 
machine to 2720. Also, it is necessary to have a good 2-flute 
cutter. If a used cutter is used, problems will be generated in 
the keyways. The supervisor should monitor the start date of 
a new cutter and how many pieces are made with the same 
cutter. 
 

Conclusions 
 

The problem was that the keyway width in the C7034 
shaft of a C7113 subassembly in a 7000 gear box did not fit 
the width of keys used for its assembly. This problem led to 
a considerable number of scrap parts. DMAIC methodology 
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of Six Sigma was applied to solve the problem.  In the De-
fine phase, PFMEA was applied to distinguish the high-
priority area of the process to focus on. The cutting opera-
tion performed by a vertical milling machine got the highest 
RPN and so the study focused on this area. In the Measure 
phase, the keyway cutting process on the shaft was evaluated 
and depicted by using a process capability measure of Cpk. 
As expected, the mean of the sample was larger than the 
anticipated mean (according to standard spec). In the Ana-
lyze phase, the cause-and-effect analysis was performed to 
recognize the main causes of the problem and the main fac-
tors that affect the keyway width and their levels as well. In 
the Improve phase, DOE was used to find the best combina-
tion of the levels of the factors. A factorial design analysis 
with two factors (number of flutes of the cutter and RPM of 
the milling machine) at two levels (2 and 4 flutes, 1750 and 
2720 rpm) was performed. The results of the experiment 
provided by Minitab software showed that there was a sig-

nificant difference between the means of four possible com-
binations of the factors’ levels. Both factors have significant 
effects and the most significant factor affecting the keyway 
width was the number of cutter flutes. The best combination 
of factor levels is having a 2-flute cutter and an RPM of 
2720, which would provide a 27.2 in/min feed rate. Finally, 
in the Control phase, some recommendations were given in 
order to keep the process in good condition. The main rec-
ommendation is to trace the usage time of cutters because 
after a certain amount of time, a cutter cannot perform well. 
During this study, cooperation among engineers and opera-
tors and their excellent teamwork in the PFMEA analysis, 
process capability analysis, cause-and-effect analysis, and 
DOE were valuable. Actually, Six Sigma methodology pro-
duced a team that together would optimize the process and 
recognize and remove quality problems that had affected 
customer satisfaction and profitability of the company. 
 

 

 

Appendix 1. Minitab Results of the Factorial Design 

 

Analysis of Variance for Width 
Source   DF Seq SS  Adj SS  Adj MS  F P 
Main Effects  2 0.00037645 0.00037645 0.00018823 74.54 0.000 
2-Way Interactions 1 0.00000003 0.00000003 0.00000003 0.01 0.921 
Residual Error  36 0.00009090 0.00009090 0.00000253 
  Pure Error  36 0.00009090 0.00009090 0.00000253 
Total   39 0.00046738 
 

 

 

Estimated Effects and Coefficients for Width 

Term  Effect  Coef  SE Coef  T P 
Constant    0.191375 0.000251 761.70 0.000 
FLUTE  0.005850 0.002925 0.000251 11.64 0.000 
RPM  -0.001850 -0.000925 0.000251 -3.68 0.001 
FLUTE*RPM 0.000050 0.000025 0.000251 0.10 0.921 

 

 

Least Squares Means for Width    

Mean SE Mean 
FLUTE 
2 0.1884 0.000355 
4 0.1943 0.000355 
RPM  
1750 0.1923 0.000355 
2720 0.1904 0.000355 
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Abstract  
 

This paper presents a novel approach for microstepping 
control of a low-power stepper motor (SM) for an 
automotive dashboard instrument application with a direct 
connection of a low-cost microprocessor. The microstepping 
operation of the SM is very important to indicating 
instrument applications, for example, meters for fuel, 
battery, speed, oil, and engine revolution. The proposed 
system uses pulse-width modulated output and digital output 
pins of a microprocessor for low-cost implementation. In 
order to perform a smooth positioning operation for an 
indicator application, a simple low-pass filter (LPF) and 
modified sine data table are introduced.  

 
The modified sine data table is produced by injected 

harmonics to reduce the low-frequency harmonics of the SM 
phase voltage. Also proposed are the S-curve function for 
the smooth position reference and the amplitude control of 
the motor phase voltage depending on motor acceleration 
and deceleration speeds. The S-curve function provides a 
smooth response while maintaining high acceleration. The 
proposed voltage amplitude controller can change the motor 
phase voltage according to the motor speed to compensate 
the back-electromotive force (EMF) at high speed and to 
reduce the torque ripple in the low-speed region. The 
proposed system is implemented with a low-cost, 8-bit 
microprocessor without any external memory and power 
devices. The effectiveness of the proposed control scheme is 
empirically verified by a practical automotive dashboard 
instrument system. 

 

Introduction 
 

The SM is widely used in an open-loop position control 
system for its inherent stepping-position operation characte-
ristics without any feedback loop [1-3]. Today, low-power 
and small-size SMs are extensively adapted as indicating 
instruments on the dashboards of automotive vehicles [4-6]. 
In an indicating instrument system, the SM controller should 
perform positioning smoothly. In order to achieve smooth 
positioning, a microstepping mode using a pulse-width 
modulation (PWM) approach is an excellent choice [3], [7-
9]. Some applications use the multi-phase SM for smooth 
operation; however, the drive system of the multi-phase SM 

is more complex than a conventional two-phase one [10-15]. 
In this paper, a low-cost dashboard indicating system is de-
veloped using a low-power SM which is directly connected 
to a microprocessor.  

 
The proposed system uses the PWM output and the digital 

output pin of a microprocessor for each motor phase 
winding. The phase current can flow from the PWM pin to 
the digital pin during the positive voltage region, and it can 
flow in the opposite direction from the high active digital pin 
to the PWM pin in the negative voltage region.  

 
In order to perform smooth positioning, a simple LPF and 

a modified sine data table are introduced to reduce the low- 
frequency harmonics of the motor phase voltage. The mod-
ified sine data table is produced by injected harmonics to 
reduce the harmonics of the motor phase voltage. Further 
proposed in this paper are the S-curve function for smooth 
position reference and amplitude control of phase voltage in 
connection with acceleration and deceleration. The S-curve 
function can generate the position reference with respect to 
the measured frequency for smooth indication with the SM.  

 
The voltage amplitude controller can produce enough 

phase voltage to compensate for the back-EMF when the 
motor operates with high speed in the fast acceleration and 
deceleration region. Similarly, the amplitude of the phase 
voltage is decreased to reduce the torque ripple in the low 
acceleration and deceleration region from the low speed and 
low back-EMF of the motor. 

 
The proposed system is designed with a low-cost, 8-bit 

microprocessor without any external memory and power 
device. The effectiveness of the proposed control scheme is 
verified with a practical automobile dashboard system. The 
experimental results show the smooth positioning of the 
dashboard indicator system. 

 

Conventional Microstepping 
Operation  

 
Figure 1(a) shows a conventional H-bridge circuit for an 

SM and its bipolar switching method for the microstepping 
operation. Different from the conventional full-step and half-
step operation modes, the microstepping operation can indi-
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cate the precise rotating angle, using sinusoidal phase vol-
tage with PWM technology, as shown in Figure 1(b). 

 
The output torque of the SM can be derived by the phase 

current and vector summation of each phase torque [7].  The 
phase current equation can be summarized as follows: 

 
                                                                           (1)              
 
 
where, ias and ibs are phase currents of phase A and phase 

B. Im denotes the current per phase. θe is the electrical posi-
tion of an SM. 

 
The resulting torque generated by the corresponding phas-

es is derived by 
 
                                                          (2)  (2) 
 
 
where KT is the torque constant of the motor [7]. 
 
The total torque of the motor can be derived by the vector 

summation of the torque phases as follows: 
 
 
(3)  
 
In order to produce sinusoidal phase voltage and phase 

current, the conventional methods use a complex digital-to- 
analog converter (DAC) and a comparator circuit for PWM 
switching. The phase current is limited for stable operation. 

 
In this paper, a simple microstepping operation scheme for 

the SM is directly connected to a low-cost microprocessor, 
and a passive LPF is introduced and applied to a dashboard 
indicator.  The proposed scheme uses a simple modified sine 
table for reduction of low-frequency harmonics.  

 
 
 
 
 
 
 
 
 
 
 

(a) H-bridge circuit per phase of a SM 
 
 
 

 

 
 
 
 
 
 
 
 

 

 

 
(b) Bipolar switching for microstepping operation 

 
Figure 1. H-bridge circuit and bipolar switching for  

microstepping operation 
 

Proposed Direct Microstepping 
Operation 

 

PWM and Digital Output with a Passive Filter  
 
Also presented here is a direct microstepping operation 

scheme using PWM and the digital output of a low-cost mi-
croprocessor is proposed. In the front-end of the phase 
winding, a simple passive LPF is connected to reduce cur-
rent ripple from PWM switching. The SM is designed for 
low-power consumption operating at 5V. The phase current 
is under 20mA, so the motor can be directly operated by the 
microprocessor output pin without an H-bridge converter or 
amplifier.  

 
Figure 2(a) shows the passive LPF circuits for each phase 

and pin connection between the microprocessor and the SM.  
In Figure 2(b), ‘PWM 1’ and ‘DO 1’ are output pins of the 
microprocessor. In the positive voltage region, phase current 
can be generated by the ‘Low’ output of the digital pin and 
positive PWM output as shown in Figure 2(b). In the nega-
tive voltage region, phase current can be generated by the 
‘High’ output of the digital pin and the negative PWM out-
put.  

 
The pulse duty ratio is controlled by the sine table accord-

ing to the reference position of the SM and amplitude gain 
according to acceleration and deceleration. The digital out-
put signal is changed according to the reference position.  
The digital output is kept at the ‘Low’ signal for 0 to 180 
electrical degrees, and ‘High’ signal for 180 to 360 electrical 
degrees.  

 
 
 
 
 



 

 

 

 

22                                                INTERNATIONAL JOURNAL OF MODERN ENGINEERING | VOLUME 11, NUMBER 1, FALL/WINTER 2010 

1

2

1 2

0

s cc

s

o s s cc

V d V

V

V V V d V

= ⋅

=

= − = ⋅

( )1

2

1 2

1
s cc

s cc

o s s cc

V d V

V V

V V V d V

= − ⋅

=

= − = − ⋅

vo

io

vo

io

DO 1

PWM 1

0

PWM 1 DO 1

ARf Rf

Cf Cf

Vo

Vs1 Vs2

  
 
 
 
 
 

(a) Passive filter and pin connection per phase  
 
 

 
 
 
 
 
 
 
 
 
 

(b) Signal output of PWM and digital output for sinu-
soidal waveform 

Figure 2. The proposed phase connection and signal waveforms 

 
The phase current flows from the PWM pin to the digital 

pin in the positive region, and flows from the digital pin to 
the PWM pin in the negative region. In the positive region 
from 0 to 180 electrical degrees, the terminal and phase vol-
tages can be derived without the filter as follows: 

 
                                                                                                        

     (4) 
 
 
 
where d is the duty ratio of the PWM and Vcc is the control 

voltage of the microprocessor. 
 
In the negative region, from 180 to 360 electrical degrees, 

the terminal and phase voltages can be derived as follows:  
 
 
                                                                                (5)            
 
 
 
From these relationships, the phase voltage can be con-

trolled by the PWM duty ratio.  
 
In order to supply a sinusoidal phase voltage, the internal 

memory of the microprocessor is used for the sine table. 
Figure 3(a) shows the output phase voltage and current with 
the passive LPF in conventional 8-bit PWM data.  

As shown in Figure 3(b), the conventional sine data pro-
duces low-frequency harmonics in phase voltage and cur-
rent, such as 3rd and 5th harmonics. The switching harmonics 

has a high-frequency component which slightly affects the 
position error. But, the low-frequency harmonics can pro-
duce an additional position error in the microstepping opera-
tion.  In order to reduce the low-frequency harmonics, a 
modified sine table for 8-bit PWM signal is used. The mod-
ified sine table is generated with an additional harmonic 
injection to reduce the 3rd and 5th harmonic frequencies in 
the output voltage and current as follows: 

 

[ ] 128 sin( ) sin(3 ) sin(5 )PWM a bθ θ θ θ= ⋅ + ⋅ + ⋅      (6)     
 
where a and b are the injected harmonic coefficients of the 

3rd and 5th harmonic frequencies, and where 6 and 4 are used 
for a and b respectively. 

 
Figure 4(a) shows reduced low-frequency harmonics in 

the phase voltage and current with modified sine data. By 
comparison with Figure 3, the modified sine data with in-
jected harmonics can reject the low-frequency harmonics. 
This pure sinusoidal phase current can produce a constant 
torque in any position. 

 
 
 
 
 
 
 
 
 
 
 
 
 

(a) Output voltage and current per phase 
 
 
 
 
 
 
 
 
 
 
 
 
 

(b) FFT analysis of output voltage and current 
Figure 3. Output characteristics of a conventional sine table 

 

 
 
 
 



 

 

 

 

MICROSTEPPING CONTROL OF STEPPER MOTORS WITH DATA INTERPOLATION AND DIRECT VOLTAGE CONTROL                      23 

 

vo

io

vo

io

S curve
Function

Frequency
Detector

Taco
pulse

internal
counter

actf reff

1

s

a
K

Position
Calculator

refθ

Modified

Sine Table

DO1

x PWM1

LPF

LPF

SM

DO1

PWM1

DO2

PWM2

 
 
 
 
 
 
 
 
 
 
 
 
 

(a) Output voltage and current per phase 

 
 
 
 
 
 
 
 
 
 
 
 
 

(b) FFT analysis of output voltage and current 
Figure 4. Output characteristics of the modified sine table 

 

Voltage Controller  
 
Smooth torque control is essential in order to reduce the 

vibration of an indicator. In a conventional open-loop posi-
tion controller of an SM, simple acceleration and decelera-
tion curves are used without any current control. The con-
ventional method is very simple, but the same torque at a 
different speed can cause indicator vibration.  

 
In this paper, a simple voltage control scheme to adjust the 

output torque of an SM according to motor speed is pro-
posed. The variable voltage can change the phase current 
and output torque. The practical voltage controller is imple-
mented by a PWM duty ratio control in order to change the 
PWM duty cycle by the position and motor speed and is 
given by 

 

D = Ka⋅ PWM[θref]          (7)                                                  
 

where D is the duty ratio of the PWM data. PWM[θref] is the 
PWM data determined according to the reference position as 
described in equation (6). Ka is the proportional gain accord-
ing to the motor speed and is lower than 1 as follows:  

 

Ka = lim( ωref / ωbase )         (8)                                                    
 
Figure 5(a) shows the proposed control scheme for the 

dashboard indicator. In order to reduce the indicating vibra-
tion, the phase voltage is controlled in relation to accelera-
tion and deceleration. Ka, shown in Figure 5(b), denotes the 
amplitude gain of the PWM data according to the accelera-
tion of the position reference. During fast acceleration, the 
amplitude gain is increased and the duty ratio of the PWM 
can be increased to increase the phase voltage. 

  
 
 
 
 
 
 
 
 
 

(a) Proposed control scheme for a dashboard indicator 

 
 
 
 
 
 
 
 
 
 
 
 

(b) SM connection 
Figure 5. The proposed control scheme of a dashboard  

indicator using a low-power SM 

 
For fast acceleration, the speed and the back-EMF of the 

SM should be increased with respect to the motor speed. In 
order to compensate the back-EMF in relation to increasing 
speed, phase voltage should be increased. In the proposed 
control scheme, the amplitude gain can control the phase 
voltage according to the motor speed. If the acceleration is 
decreased, the amplitude gain is decreased to decrease the 
phase voltage.  

 

Experimental Results 
 
In order to verify the proposed control scheme, an experi-

mental test setup was implemented. A digital controller was 
designed using the ATmega16 8-bit microprocessor from 
ATMEL Corporation. The practical indicating instrument 
consists of one SM for indication and a 4-digit liquid-crystal 
display (LCD) for user display. The SM was directly con-
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nected to the PWM output and digital output pins of the 
ATmega16 with a simple passive LPF for each phase. The 
SM has an internal gear train with a ratio of 180:1, and the 
mechanical accuracy is 0.3o per step. Figure 6 shows the 
implemented experimental test setup for the proposed con-
trol scheme.  

 
 
 
 
 
 
 
 
 
 
 
 

Figure 6. Experimental system 

 
Figure 7 shows the phase voltage and the fast Fourier 

transformation (FFT) analysis of the SM under test with 
respect to the conventional sine and the modified sine data to 
reduce the low-frequency harmonics. As shown in Figure 7, 
the modified sine data can reduce the low-frequency har-
monics with injected harmonics.  

 
Figure 8 shows the experimental results at a 100Hz input 

frequency according to both sine tables. The measured fre-
quency, the S-curve position reference, and the motor phase 
voltages are displayed in Figure 8. The amplitude of the 
phase voltage is fixed. The phase voltage waveform has low-
frequency harmonics with the conventional sine table, as 
shown in Figure 8(a). However, the waveforms of the phase 
A and B voltages were closer to sinusoidal with the modified 
sine table without low-frequency harmonics, as shown in 
Figure 8(b).   

 
Figure 9 shows the experimental results of the proposed 

control scheme at 100Hz and 300Hz input frequencies. The 
amplitudes of the phase voltages were changed by accelera-
tion and deceleration. Compared with Figure 8(b) with a 
constant phase voltage, the amplitude of the phase voltage 
was not constant and the value was controlled by the speed, 
as shown in Figure 9. The low-phase voltage in the low-
speed region reduces the phase current and the output tor-
que. This is because the load torque of the indicator needle 
was almost the same, but the practical torque depends on the 
acceleration and deceleration torque. This variable phase 
voltage according to acceleration and deceleration can re-
duce the indicating vibration of the SM. 

 
 
 
 

 
 
 
 
 
 
 
 
 
 
 

(a) Conventional sine table 

 
 
 
 
 
 
 
 
 
 
 
 
 

(b) Modified sine table 
Figure 7. The phase voltage and FFT analysis 

 
 
 
 
 
 
 
 
 
 
 
 

(a) Conventional sine table 

 
 
 
 
 
 
 
 
 
 
 
 

(b) Modified sine table 
Figure 8. Experimental results at 100Hz input 
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(a) At 100Hz input 

 
 
 
 
 
 
 
 
 
 
 
 
 

(b) At 300Hz input 

Figure 9. Experimental results of the proposed control scheme 

with two different input frequencies 

 

Conclusions 
 
This paper presents a microstepping operation of an SM 

which was connected directly to a microprocessor for an 
automotive dashboard indicator application. In order to im-
plement smooth indicating, the modified sine data table with 
a simple LPF was used. The FFT analysis showed that the 
modified sine data can reduce the low-frequency harmonics 
significantly. In addition, an internal S-curve function for 
producing a smooth reference position from a detected input 
frequency was designed.   

 
The amplitude of the phase voltage was controlled by the 

acceleration and deceleration of the reference position to 
reduce the indicating vibration. In the proposed control 
scheme, the amplitude of the phase voltage could be easily 
controlled by the amplitude gain, and the gain changes the 
actual duty ratio of the PWM data from the sine table.  

 
The proposed system uses a PWM and digital output pins 

for each phase, allowing any low-cost microprocessor to be 
used for the dashboard indicator application. From the expe-
rimental results, the proposed system does a good job of 
controlling the SM with regard to the input frequency that 
eliminates low-frequency vibration. 
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Abstract  
 

Reconfigurable logic facilitates dynamic adaptation of 
hardware and ensures better utilization of hardware space as 
desired in embedded applications. Partial reconfiguration of 
hardware is a recent trend where a portion of the repro-
grammable logic can be altered without affecting other por-
tions. Host-based multiple-module reconfigurable hardware 
fabric, such as Field Programmable Gate Arrays (FPGAs), 
can potentially employ partial reconfiguration for embedded 
applications where a FPGA-resident or external host controls 
the application execution and reconfiguration. Although this 
technique minimizes area requirements and potential energy 
requirements for applications, it may result in a disparity in 
usage of different reconfigurable modules.  

 
This disparity may cause localized temperature build-up 

and failure. Moreover, in such a host-based system, a subjec-
tive load distribution between the host and the reconfigura-
ble module could result in performance improvement 
through parallelism. In this paper, policies are presented that 
ensure uniform utilization of reconfigurable modules, while 
implementing load-balancing between the host and the re-
configurable module for better performance. Experimental 
results involving benchmark kernels with these policies 
show a reduction in disparity of more than 40% of module 
usage as well as improvements in an application execution 
time of about 35%, as compared to a reference algorithm. In 
general, though, these policies are minimal when compared 
with the execution time for applications. 
 

Introduction 
 

FPGAs contain user-programmable hardware and inter-
connections. Thus, the reprogrammable features of FPGAs 
make it easy to test, debug, and fine tune hardware designs 
for higher performance in follow-up versions. Also, it 
enables the hardware implementation of a large design in a 
piecewise fashion as the complete design may not fit in the 
system. Partial reconfiguration support of current FPGA 
architectures provides support for reconfiguring portions of 
the hardware while the remainder is still in operation [1], 
[2]. Switching configurations between implementations can 

then be fast, as the partial reconfiguration bit-stream may be 
smaller than the entire device configuration bit-stream. 
 

Embedded systems are currently in virtually all aspects of 
everyday life. They normally are expected to consume small 
amounts of power and to occupy few resources. Numerous 
embedded applications spend substantial time on a few 
software kernels [3]. Executing these kernels on customized 
hardware could reduce the execution time and energy con-
sumption as compared to software realizations [4], [5]. Giv-
en reconfigurable hardware, such as FPGAs, a chosen area 
could accommodate such kernels exclusively at different 
times to conserve resources, thus saving space and possibly 
power. Configurations to support kernels can be created 
ahead of time and stored in a database for future use, facili-
tating system adaptability for run-time events. However, the 
reconfiguration time affects the performance, especially for 
small execution data sets. Also, the reconfiguration process 
draws power. To offset the overhead time encountered, vari-
ous techniques such as configuration pre-fetching or over-
lapping reconfiguration with other tasks must be employed.  
 

Many dynamically reconfigurable systems involve a host 
processor mainly for control-oriented, less computation-
intensive tasks and also for supporting reconfiguration deci-
sions [4], [6-9].  The target of this work was either a single 
FPGA embedded with reconfigurable modules or several 
individually reconfigurable FPGAs. It was also shown that 
in a system with multiple reconfigurable resources, the dis-
parity of usage may be significant under a brute-force policy 
[10]. In order to overcome such an undesirable effect, the 
runtime system could keep statistics for the utilization of 
each reconfigurable unit, in either a partially reconfigurable 
module or a complete FPGA. The ones with lower utiliza-
tion should be the target for the next kernel implementation. 
This would not only balance the usage of all the reconfigur-
able resources but could also reduce the localization of tem-
perature increases in the system for enhanced reliability.  

 
Also, it was implied that when kernel execution on hard-

ware, or the host, provides speedup, the whole data set for 
that kernel would be processed either on the hardware or on 
the host [10]. Instead of processing the whole data set for a 
kernel solely on the host or on the reconfigurable resources, 
it might be worth splitting the workload between them. This 
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type of load distribution and parallel execution might further 
boost application performance. 
 
   In this paper, the issues of uniform utilization of reconfi-
gurable resources in a host-based multiple-module system 
and the load balancing between the host and the reconfigur-
able resource are considered. In Section 2, the scope of the 
problem and the proposed policies are defined. Explanation 
of the experimental set up including the simulation environ-
ment used to evaluate different policies is presented in Sec-
tion 3. Results of this study are given in Section 4. Section 5 
draws the conclusions. 
 

Scope of the Problem 
 
   In this study, host-based dynamically varying embedded 
systems that change behavior at run-time and/or process 
time-varying work-loads were considered. The target of this 
study was either a single FPGA embedded with reconfigura-
ble modules or several individually reconfigurable FPGAs. 
Such a framework [10] considered reconfiguration over-
heads in making decisions for the execution of kernels, ei-
ther on the host or the FPGA(s), thereby ensuring perfor-
mance gains. Considering the overhead of reconfiguration, 
the FPGA execution of kernels may not always be favorable, 
especially for small data sets. Thus, it addresses the issue of 
selective FPGA execution of kernels and reports perfor-
mance improvement for synthetically generated kernel-based 
applications. 
 
   In a host-driven multiple-module reconfigurable system, 
the available reconfigurable hardware resources cannot often 
accommodate simultaneously all of the application kernels. 
As such, switching among kernels realized in hardware is 
necessary in real time. This may create non-uniform usage 
among different reconfigurable modules as data sets and the 
execution time of various kernels may differ. In order to 
selectively implement application kernels and to appro-
priately replace kernels, a methodology was proposed [10], 
[11]. The methodology resulted in improved application 
execution time. The core Break-Even (BE) policy of this 
methodology contains the following steps for a given kernel; 
these steps are repeated until all of the kernels of the applica-
tion (program graph) are scheduled: 
 

1. Estimate the execution time tH on the host of the 
ready-to-execute kernel. 

2. Check if the present FPGA configuration is the one 

required by the kernel. If ‘yes’, then set toverhead = 0 

and go to the next step.  

3. If tH ≤  toverhead + tcomm + tFPGA, then execute 

the kernel on the host and exit. Else, proceed to the 
next step. 

4. Reconfigure, if toverhead ≠ 0, an appropriate FPGA 

with the customized kernel configuration. 
5. Transfer any necessary data from the host to the 

FPGA for execution. 
6. Upload the results from the FPGA. 

 
To place a ready-to-execute kernel in an appropriate FPGA, 
this methodology follows these steps: 
 

1. Check if any FPGA is completely available. If ‘yes’, 
then place the kernel in this FPGA and exit. Else, pro-
ceed to the next step. 

2. For each FPGA, compare the present kernels with the 
tasks/kernels in a window containing a preset number 
of kernels following the current kernel in the task 
graph. If there is a match, proceed to the next FPGA 
to repeat this process. Else, implement the kernel on 
this FPGA. 

 
   The above methodology is expected to enhance application 
execution performance as compared to host-only or FPGA-
only execution. However, no specific policy is presented in 
this methodology to uniformly utilize the available reconfi-
gurable resources. Moreover, the kernel execution could be 
expedited by parallelizing it between the host and the recon-
figurable hardware. However, a befitting policy has to be in 
place in order to minimize idle time of the working entities. 
This issue has not been considered, although the issue of 
application execution performance is addressed to some ex-
tent [10], [11].  
 
   The original BE (Break-Even) policy presented by Hasan 
and Ziavras in a previous study was extended with two vari-
ations in order to achieve lower peak disparity of module 
usage [10], [11]. They are as follows. 
 

Uniform utilization I 
 In this policy, uniform utilization of its resources was given 
preference over performance improvement of application. 
An FPGA, or a module, was chosen with the objective of 
ensuring uniform utilization. Candidate modules are the ones 
having lower utilization.  With the highest utilized module, 
all of the candidate modules produced disparity greater than 
a threshold. The first module within this group was chosen 
for next-kernel execution. Then, a decision was made on 
executing a task on the host or on the reconfigurable logic 
considering the associated overhead. 
 
 
 

Uniform utilization II 
In this policy, performance improvement of application was 
given preference over uniform utilization of its resources. 
This policy differs from the above in two ways.  First, the 
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FPGA, or a module, was chosen from the candidate module 
that had minimum utilization at that point. This would en-
sure uniform utilization. If this choice did not provide better 
performance than the host, then a second choice was made 
by considering a reconfigurable module that may hold that 
particular kernel. This would reduce reconfiguration over-
head. Thus, although this policy targets uniform utilization, 
it may compromise that in favor of better performance. 
  

Moreover, as mentioned earlier, an appropriate distribu-
tion of a data set between the host and the reconfigurable 
hardware could further boost application performance. In 
this respect, the data set is split for each kernel of an applica-
tion such that the complete execution time on the host and 
on the reconfigurable logic (including any overhead) is vir-
tually equal. However, under this methodology there are two 
options for choosing a reconfigurable module for hardware 
execution of the factored data set. A hardware module may 
be chosen to ensure uniform utilization among all. This 
choice ensures better uniformity of usage. This policy is 
called load balancing with uniform utilization and was not 
considered in the authors’ previous studies [10], [11]. Alter-
natively, one may look ahead in the task graph to find the 
next two upcoming kernels for execution. A hardware mod-
ule is chosen for execution that does not contain those up-
coming kernels. This ensures reduced reconfiguration over-
head and improved performance. This policy is called load 

balancing with look-ahead. These policies are implemented 
and evaluated in an embedded reconfigurable environment 
and results are presented in the sections to follow. 
 

Experimental Set-up 
 

 The platform used to implement the embedded kernels, 
and to test the authors’ current methodology, was the Star-
bridge Systems HC-62 Hypercomputer [12]. This system is a 
programmable, high-performance, scalable, and reconfigur-
able computer. It consists of eleven Virtex II FPGAs, of 
which ten are user programmable. In conjunction with the 
host, the HC-62 uses FPGAs to process complex algorithms. 
Although it does not mimic an embedded system, it can be 
used to simulate such an environment. Each FPGA can be 
thought of as an individual, partially reconfigurable module. 
VHDL designs can be imported into this environment by 
creating appropriate EDIF net list files. Xilinx tools are used 
to create configuration bit streams for the FPGAs. These bit 
files can be used to program them using a utility. The host 
can communicate with the FPGAs using appropriate PCI 
interface hardware and a second utility. 
   

 Application profiling of various EEMBC benchmarks re-
sulted in kernel identification [13]. Due to earlier work on 
vector processing for embedded applications, focus is on 
such kernels [1]. They are: Autocorrelation between two 

vectors, RGB-to-YIQ conversion, and High Pass Grey Fil-
tering (HPG). MiBench [14] is a similar suite from the Uni-
versity of Michigan. The kernels chosen for experimental 
use from this suite were: 2D-DCT shuffling and FFT reor-
dering [11]. 
  

The above five kernels were implemented on the hardware 
of the HC-62 system and their functionality was tested. Var-
ious data sizes were considered for each kernel, emulating 
dynamic load during execution. Each kernel behavior was 
also coded in C/C++ and the code was executed in advance 
on the host processor. Discussion of the execution times for 
these kernels on an HC-62 FPGA (XC2V6000), and on the 
host Xeon processor operating at 2.6GHz and having 1GB of 
RAM, can be found in a previous study by Hasan and Zia-
vras [10].  
 

The communication time between the host and the recon-
figurable module was calculated considering the data vo-
lume to be transferred, the PCI bus interface clock frequency 
(66/133MHz), and the bus size (64-bits). The resulting val-
ues were quite accurate for the HC-62 host-FPGA system 
and can be used to validate the policy with experimental 
data. The reconfiguration time for the FPGA was 162ms. 
 

Application cases were considered that solely consisted of 
computation-intensive kernels. Many application test cases 
were first created by randomly generating task graphs com-
posed of the above five kernels. A publicly available pro-
gram called Task Graphs For Free (TGFF) was used to gen-
erate these graphs [15]. The generated task graphs have 
many forks. These synthetically generated application task 
graphs were run on the host and the FPGA following the 
policies proposed by the authors in this current study. A 
sample application task graph composed of five different 
kernels is shown in Figure 1. Here, each node represents an 
application kernel and the arrows show the dependence 
among various kernels in the application. The size of an ap-
plication task graph is the total number of kernels present in 
the graph. A range of sizes were considered from small (16 
kernels) to very large (249 kernels). 
 

As the actual setup of the HC-62 system unfortunately did 
not support partial reconfiguration, kernel implementations 
were considered on individual FPGAs of the HC-62 system 
to evaluate the proposed policies.  A simulator was devel-
oped that takes the task graph, actual execution times of the 
host and FPGA, and the overheads of reconfiguration and 
data communication, as inputs. It mimics various execution 
behaviors of the system and calculates the respective execu-
tion times, number of reconfigurations, amount of disparity 
in usage, and the performance improvement for various poli-
cies. The developed simulation environment is shown in 
Figure 2.  
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Figure 1. A Sample Application Task Graph (numbers 
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Figure 2. Simulation Environment 

 
   The task scheduler generates a correct sequence of execu-
tion for task-kernels appearing in the graph. It takes into 
account the dependencies among them to prepare the correct 
execution sequence. A kernel can be executed on the host as 
software, or on the FPGA as hardware. The choice is fina-
lized at runtime by estimating the overall execution time of 
that kernel for the known data size without ignoring the 
overheads.  
The run-time system decides whether to execute a kernel on 
the host or on the FPGA in order to ensure uniform utiliza-
tion or performance improvement following a particular 
policy. It also chooses the appropriate FPGA or a module 
that should be reconfigured, when necessary. The simulator 

was developed from scratch using the Visual C/C++ pro-
gramming environment. It did not use any precompiled li-
brary routines from any other sources. This simulator runs 
on a PC having 1.67GHz Intel Core 2 Duo processor, 4GB 
of RAM, and operating under Windows Vista x64, Service 
Pack 2.  
 

Results and Analysis 
 

   The two uniform utilization policies, as described in section 
2, were simulated in the above environment and the results 
are summarized in Figure 3. Both of the variations of the 
original policy resulted in lower disparity in reconfigurable 
module usage, as indicated by the graph in Figure 3. For the 
largest application task graph of size 249, the reduction in 
disparity was significant, i.e., greater than 40%, as compared 
to the original BE policy. However, the peak disparities under 
the two extended policies are reasonably comparable except 
for one or two cases, also shown in Figure 3. 
 
   The execution time of each application task graph on the 
reconfigurable fabric was also determined from the simula-
tion environment. These are plotted against the task graph 
sizes under different policies in Figure 4. A close look at this 
figure reveals that the execution times are almost inseparable 
from each other for the three policies in discussion. Although 
the original BE policy does provide lower execution time for 
a couple of task graphs, the resulting savings in execution 
time may not justify the higher peak disparity of usage it 
produces for reconfigurable resources. As such, it may be 
concluded that both the proposed policies targeted towards 
uniform utilization of resources would be equally desirable in 
such an application environment. However, if uniform utili-
zation is a priority, the first policy would be preferred. 
 
   The experiment was also extended with a variable number 
of reconfigurable resources to observe the effect on the appli-
cation execution time. Four execution kernels were consi-
dered to form application task graphs, and reconfigurable 
resources were varied between two to five. The observed 
trend is plotted in Figure 5. As can be seen from this graph, 
the execution time requirements fall off with increasing re-
sources as would normally be expected. However, this trend 
holds only up to the point where the number of kernels in the 
task graph is equal to the available reconfigurable resources. 
If the reconfigurable resources are more than the execution 
kernels, the execution time remains unaffected and the curve 
becomes flat. 
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Figure 3. Peak Disparity under Three Policies for Uniform 

Utilization 

 

 
Figure 4. Execution Time under Three Policies for Uniform 

Utilization 

Actually, in Figure 5, a slight upward trend can be seen 
beyond four reconfigurable resources. This is due to the pol-
icy of ensuring uniform utilization that tends to use an empty 
resource to reduce disparity of usage. As such, an unneces-
sary reconfiguration overhead might be encountered, thereby 
extending the overall execution time. 
 

 
Figure 5. Execution Time of a Task Graph with Variable Re-

configurable Resources 

 

Both of the variations of load balancing policies described 

in section 2 were then simulated within the current test 
bench. Let x be the total amount of data and y (y < x) be the 
amount processed by the FPGA hardware. If the rate of data 
processing on the host and on the FPGA are Rhost and RFPGA, 
respectively, then:  (y - x) / Rhost = toverhead + tcomm + x / RFPGA. 
This equation was used to find the value of y in order to 
equalize the execution time on the host and on the FPGA. 
The results of the simulation of load-balancing policies are 
given in Figures 6 and 7. Figure 6 shows the execution time 
for different application task graphs under these policies. As 
expected, the load-balancing strategy provides performance 
gain, especially for large task graphs. The execution time 
savings are significant (a drop from 7600ms to 5000ms or 
about 35%) for task sizes of 249 under load balancing with a 
look-ahead policy. However, the performance gain is not 
that prominent under load balancing with uniform utiliza-
tion, as seen in Figure 6.  
 
   The peak disparity of reconfigurable resource usage was 
also evaluated under these two extended policies. As seen in 
Figure 7, peak disparity is quite low for load balancing with 
uniform utilization. However, as this policy suffers from 
performance degradation when compared to load balancing 
with look-ahead, the choice should be made among the two 
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policies based on the application needs. If performance gain 
is desirable, then load balancing with the look-ahead policy 
stands out. Otherwise, load balancing with uniform utiliza-
tion should be chosen when minimization of disparity is 
desired. 

 

 
Figure 6. Execution Time under Two Policies for Load-

balancing 

 
   In order to ensure good load balancing, it is of paramount 
importance that the host and the reconfigurable logic com-
plete processing their share of data at about the same time. If 
they finish far apart in time from each other, then the total 
execution time will include the idle time of the one   entity 
that completes first. This would certainly degrade the overall 
performance. However, the execution time of the respective 
payloads on the host and the reconfigurable logic should be 
comparable, including any overhead. This is illustrated in 
Figure 8, where the measured difference in execution time 
between the two entities for various tasks in an application 
under load balancing with the look-ahead policy is shown. 
As can be seen, for 84% (43+41) of the tasks, this difference 
is less than 5ms. Only for 3% of the tasks is the difference 
above 50ms.  
 

So, for the vast majority of the tasks, both the host and the 
reconfigurable logic finish execution of their share of the 
load almost simultaneously. As such, the idle time is mini-
mized. This reveals the reason for good performance gain 
under this policy. 
 

 
Figure 7. Peak Disparity under Two Policies for Load-

balancing 

 
   There is an inherent difference in execution speed between 
the host and the reconfigurable hardware.  In order to 
achieve true parallelism, then, the amount of data processed 
by the two entities within a given time is different. The total 
payload needs to be unevenly factored among them consi-
dering the overhead of communication and reconfiguration 
(if any). This is evident from Figure 9, where the distribution 
of the payload between the host and the reconfigurable logic 
for each task of an application task graph of size 29 is 
shown.  Although the payloads of the two entities for task 
number 5 and for task number 8 are same, they are different 
for all of the other 27 tasks. In some cases, this difference is 
quite significant. 
 

The processing time for different application task graphs 
were also measured using the time-function provided in the 
C/C++ developer’s environment. This time includes, among 
others, the time to read the task graph from a file, scheduling 
the tasks considering their dependence, calculating the ex-
ecution time under a selected policy, and writing the results 
back into a file. 
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Figure 8. Differences in Execution Time under Load-balancing 

 

 
Figure 9. Payload Distribution among the Host and the Recon-

figurable Logic 

 
In a real host-based reconfigurable system, the last two 

components would not be present. So, the actual time needed 
by the host for all of the overhead would be less than the 
measured processing time. However, the measured 

processing time was compared with that of the task graph 
execution time of Figure 6 in order to get a pessimistic feel 
for the host-overhead. Host-overheads were 2, 2.33, 3.67, 5, 
7, 7.67, and 9ms for 16, 29, 51, 99, 152, 199, and 249 task 
graphs, respectively. A plot of the ratio of these two times is 
portrayed in Figure 10.   
 

 It clearly demonstrates that this host-overhead is con-
tained within 9% of the application execution time even for 
very small task graphs. For the large task graph of 249, this 
overhead was less than 2%. It was believed that this figure 
would be even smaller for dedicated embedded systems. 
This is because the machine that was used for processing 
was a general-purpose one running many operating system 
tasks/threads in the background. As such, the time measure-
ment of any program execution would most likely include 
the effect of others. So, an embedded host system executing 
a single program would be free from such side effects and, 
as a result, would imply much lower overhead than was 
measured in these current experiments. 
 

 
Figure 10. Ratio of Host-overhead to Application Task-graph 

Execution Time 

 

Conclusions 
 
   Host-based reconfigurable systems have many benefits 
that are suitable for the embedded domain. Such systems 
were considered with multiple-reconfigurable modules ex-
ecuting kernel-based applications. The focus was on two 
objectives: obtaining uniform utilization among all reconfi-
gurable resources, and achieving higher performance by 
proper load balancing between the host and the reconfigura-
ble resources. Two policies were formulated to meet each of 
the above objectives. Simulation results revealed that the 
uniform utilization policies had comparable effects on reduc-
ing peak disparity and execution time. Both reduced the 
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peak disparity by about 40% as compared to the original 
reference policy.  Also, one of the load-balancing policies, 
look-ahead, had superior effects over the other one with a 
reduction in execution time of about 35%. Furthermore, the 
overhead introduced for enforcing these policies was about 
1% of the application execution time and, as such, can be 
incorporated into the embedded domain.  Future research 
could include the investigation of using multiple reconfigur-
able resources to execute a single kernel and also to consider 
energy consumption under these circumstances. 
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Abstract  
 

This paper introduces a novel-sound-source localization 
technique using an array of bidirectional microphones. Spe-
cifically, the proposed technique exploits the polar directivi-
ty pattern of three bidirectional microphones to provide 
complete 360° localization coverage. The feasibility of this 
approach has been tested through both simulations and expe-
riments. An algorithm was developed specifically for the 
proposed method. This technique reduces the total number 
of microphones required to provide similar coverage to the 
recently introduced unidirectional microphone-based-
localization technique. At the same time, the overall spatial 
displacement requirements for the sensors were significantly 
reduced compared to the existing time-domain and phased-
array methods. 
 

Introduction 
 
 Sound-source localization (SSL) may be defined as identi-
fying the location of a detected sound source. Sound-source 
localization techniques are usually passive with broad appli-
cations. For example, in warfare, SSL is used to enhance the 
patrol capability of troops [1], [2]. In conference meetings, 
SSL is used to direct and zoom cameras towards the speaker 
for a better viewing experience. In teleconferencing, it helps 
by allowing the network bandwidth to be more efficient [3], 
[4]. Sound-source localization may also be very important in 
humanoid robots and hearing aids. Finally, SSL can be em-
ployed in nocturnal activities such as night-hunting.   
 
 Due to its widespread applications, SSL has been an inter-
esting topic for researchers over the past two decades, and 
various SSL techniques have appeared in literature [5-9].  In 
general, these techniques can be classified into three main 
categories, namely, beam-forming, time-delay, and spectral 
analysis [10-13]. In beam-forming, the microphone signal is 
steered in all possible directions to maximize the output 
[14], [15]. In time-delay methods, the time-of-arrival of the 
sound signal on different sensors is used for localization. In 
spectral analysis, spatial-spectral correlation among the re-
ceived signals (usually narrowband) is used for source loca-
lization. Hybrid methods that combine beam-forming and 
time-delay have also been proposed [10], [16], [17]. These 
techniques, however, are limited by the very large spatial-

displacement requirements of the sensor, and, therefore, may 
not be practical in confined environments. Recently, a new 
approach exploiting the polar directivity pattern (PDP) of 
unidirectional microphones has been proposed [1]. This ap-
proach allows reduced sensor spacing compared to the pre-
valent methods. However, it provides limited SSL coverage 
in the plane of the microphone sensor array. 
 
 This paper introduces a new SSL method based on the use 
of bidirectional microphones. The proposed method provides 
complete 360° SSL coverage, while maintaining the reduced 
spatial-displacement requirements for the sensors. The unidi-
rectional microphone-based SSL technique is discussed in 
Section 2, followed by the proposed approach in Section 3. 
Section 4 discusses the simulation results, followed by Sec-
tions 5 and 6, which present the experimental setup and re-
sults. Lastly, the conclusions are given in Section 7. 
 

Prevalent SSL Technique Based on 
PDPs of Unidirectional Microphones 
  

 
Figure 1. General polar directivity pattern of a first-order un-

idirectional microphone 

 
The sensitivity/response of directional microphones has a 

strong dependence on the incidence angle of the sound sig-
nal described by equation (1) as 

 

  θcos*GPN += , (1) 
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where N is the sensitivity of the microphone, P is the pres-
sure on the diaphragm of the microphone caused by the inci-
dent sound wave, and θ is the angle of incidence of the 
acoustic signal. G is the gradient and is defined as the differ-
ence of pressure on either side of the diaphragm [18].  The 
general polar-directivity pattern of a first-order unidirection-
al microphone can be plotted as in Figure 1. As can be seen, 
the microphone gives the maximum output for θ = 0°, while 
for 90°< θ <270°, the microphone output is zero. 

 
The normalized output (N) of a directional microphone 

provides the angle of incidence of a detected signal in the 
PDP. Each normalized value can be geometrically 
represented as a circle of radius Ni (Figure 1). This circle 
intersects the PDP of the microphone giving rise to two an-
gles for each normalized output. In the unidirectional micro-
phone-based SSL technique [1], three microphones are ar-
ranged in a circular array. Two lines, corresponding to each 
normalized microphone output, are drawn from each micro-
phone.  Triangulation is then used to localize the sound 
source. However, this technique does not provide 360° cov-
erage. 

 
Figure 2. Localization using unidirectional microphones 

oriented at angles 90°/330°/210° 

 
 This disadvantage can be illustrated using the example 
shown in Figure 2. Here, three unidirectional microphones 
(labeled A, B, and C) are spaced equally on a circular path 
such that their axes are directed to 90°, 330°, and 210° with 
respect to the x-axis. A sound signal originating from a 
sound source (SS) located at an angle of 55° with respect to 
origin O will arrive at angles 44°, 70° and 50° to the micro-

phones A, B, and C, respectively. Using these values, one 
can find θA, θB and θC, which are the angles of the sound 
signal with respect to the microphone axes as shown in Fig-
ure 2. By using these angles, one can get the normalized 
values. As can be deduced from Figure 2, microphone A has 
some output, but microphones B and C produce zero output, 
i.e. they do not pick-up any signal. This means that localiza-
tion cannot be performed for this particular source location, 
which can be referred to as a blind spot. To reduce the num-
ber of such blind spots, it is recommended to use more than 
three microphones in the array [1]. 

 

Proposed Approach 
 

Bidirectional microphones have double ‘listening capaci-
ty’ and provide more information than unidirectional micro-
phones [18].  This paper proposes using three bidirectional 
microphones, which have two lobes in their PDPs to remove 
the blind spots.  Such an approach could make the system 
more robust. As will be shown, the proposed approach pro-
vides complete 360° localization with no blind spots. Substi-
tuting P = 0 and G = 1 for the bidirectional microphones in 
equation (1) [18], the polar equation becomes 

 

  θcos=N .       (2) 

 
The corresponding bidirectional PDP is plotted in Figure 3. 
 

 
Figure 3. General PDP of a bidirectional microphone 

 
For illustration of the proposed technique, consider Figure 

4 showing three bidirectional microphones A, B, and C. 
Once again, the microphones are equally spaced and are 
located in a circular arrangement at 90°, 330°, and 210°, 
respectively. 
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Figure 4. Localization using bidirectional microphones oriented 

circularly at angles 90°/330°/210° 

 
Let normalized outputs from microphones A, B, and C be 
 

AAN θcos= ,       (3) 

BBN θcos= ,         (4) 

CCN θcos= ,         (5) 

 
where θA, θB and θC are angles with respect to the micro-
phone axes. As can be inferred from Figure 3, corresponding 
to each normalized value, Ni (i = A, B, or C), there are four 
angles in a bidirectional PDP. For each normalized output, 
four straight lines can be extended from the center of each 
microphone. Since the lobes are symmetrical, these lines 
connect at the microphone centers such that there are only 
two lines crossing the microphone center. The intersection of 
these lines leads to the localization of sound sources using 
the algorithm of Figure 5. The corresponding pseudo-code is 
presented in Table 1. 
 

Simulation Results 
 
 For validation of the proposed approach, consider Figure 
4, where three bidirectional microphones are arranged in a 
circular array. Each microphone is located at a distance of 4 
units from the origin O, with their centers at (0, 4), (3.4641, -
2.0), and (-3.4641, -2.0), respectively. The sound source, SS, 

is located at (8.7650, 12.4053).  By using equation (2), the 
normalized outputs (NA, NB, and NC) from the microphones 
are 0.6947, 0.1736, and 0.9397. Corresponding to these 
normalized values, the potential incidence angles with re-
spect to of the x-axis are, 44° and 136° at microphone A, 50° 
and 70° at microphone B, and 10° and 50° at microphone C. 
 

The algorithm in Figure 5 was employed to trace the lines 
along the potential angles of incidence and to calculate the 
intersection points. Using all possible combinations, the tri-
angle with the smallest area was determined. In practice, the 
instrument noise and acoustic propagation variations lead to 
triangles with finite areas. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 

 

Figure 5. Flowchart of the proposed algorithm 

 

However, since this simulation did not account for these 
imperfections, the lines intersected exactly at (8.7650, 
12.4053) which is, in fact, the location of the SS. A plot de-
picting the directivity lines (A1, A2; B1, B2, and C1, C2) and 
their intersections is shown in Figure 6. 
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 To check for the coverage of the proposed technique, the 
simulation was repeated with a 360° sweep of the SS placed 
at a distance of 12 units from the origin O. The results plot-
ted in Figure 7 show complete 360° coverage with no null 
points. 
 

Table 1: Pseudo-code of the proposed approach 

 

Step 1: Let the normalized outputs of the microphones be 
NA, NB, and NC. Find the angle of incidence θ with 
respect to the microphone axis using   

iiN θcos= , 

where [ ]CBAi ,,∈ . 

Step 2: Calculate the angles of the directivity lines αA, βA, 
αB, βB, and αC, βC using 

iii φθα +=  and iii φθβ −= , 

where [ ]CBAi ,,∈   

and iφ  is the orientation of the microphone. 

Step 3: Draw two lines from each microphone center:  

Line 1: ( ) ( )iii xxyy −=− αtan , 

Line 2: ( ) ( )iii xxyy −=− βtan , 

where [ ]CBAi ,,∈ . 

Step 4: Solve pairs of these lines to obtain an array of in-
tersection points P.  

Step 5: The center of the smallest triangle formed by any 
three points∈P is the source location. 

 

 

 
 

 
Figure 6. Localization using bidirectional microphones 

 

 
Figure 7(a). Localization sweep using bidirectional micro-

phones 

 

 
Figure 7(b). Localization sweep using unidirectional micro-

phones 

 
Similar simulations were repeated for the unidirectional mi-
crophones arranged at 90°/60°/120° (Figure 7), since the 
90°/330°/210° arrangement proved unfeasible due to blind 
spots (Figure 2). 
 
 The plot in Figure 7 shows that the use of three unidirec-
tional microphones provides only 120° coverage. It does not 
provide full 360° coverage with just three microphones. The 
proposed method provides complete coverage while keeping 
the number of microphones low. While the simulation re-
sults show the advantages of using the proposed method, 
experimental results discussed in the next section prove its 
feasibility. 
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Experimental Setup 
  

A. Hardware and Software  
 
 The experimental setup consisted of three bidirectional 
microphones, model MXL R144. The manufacturer’s fre-
quency response is flat in the range 800-3000Hz. These mi-
crophones were connected to an oscilloscope by using XLR 
to BNC cables. A sound-generation software was developed 
using visual basic to produce sounds of desired frequencies. 
The readings taken from the oscilloscope were manually fed 
into a MATLAB program, which processes the data using 
the algorithm developed specifically for bidirectional micro-
phones, and points to the location of the sound source with a 
graph diagram. Each experiment was repeated for 800Hz, 
1000Hz and 1200Hz frequencies. 
 

B. Polar Directivity Patterns  
 
 Measurements for 360° were taken by rotating the micro-
phones at discrete steps of 10° to find the polar directivity 
patterns of the microphones. Each microphone was meas-
ured for frequencies of 800Hz, 1000Hz and 1200Hz) and, 
for each frequency, the distances of 6ft., 8ft. and 12ft. be-
tween the microphone and SS were considered. The mea-
surements for all three microphones were found to be the 
same. Figures 8, 9 and 10 show the PDPs obtained from the 
measured data. 
 
 

 
Figure 8(a). PDP at 800Hz and 6 feet from the source 

    

 
Figure 8(b). PDP at 800Hz and 8 feet from the source 

 

 
Figure 8(c). PDP at 800Hz and 12 feet from the source 
 
 

 
Figure 9(a). PDP at 1000Hz and 6 feet from the source 
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Figure 9(b). PDP at 1000Hz and 8 feet from the source 
 

 
Figure 9(c). PDP at 1000Hz and 12 feet from the source 
 
 

 
Figure 10(a). PDP at 1200Hz and 6 feet from the source 
 

 
Figure 10(b). PDP at 1200Hz and 8 feet from the source 
 

 
Figure 10(c). PDP at 1200Hz and 12 feet from the source 
  

 
Figure 11. Surface fit using the measured values for 800Hz 

frequency 
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 Using these results, the aim was to find a fitting equation.  
By finding the fitting equation, one can generalize it for any 
distance between the microphone and the SS. To demon-
strate this, the surface-fitting toolbox in MATLAB was used. 
Figure 11 illustrates the surface plot generated for a frequen-
cy of 800Hz by taking the data that has been experimentally 
measured into consideration.  
 
 Similar plots for 1000Hz and 1200Hz were generated and 
the following equations (6), (7), and (8) were obtained for 
each of the three frequencies (800Hz, 1000Hz, and 1200Hz, 
respectively). 
 

2 2 2

3 4 2 2 4

z 80.18-(46.55)y+(20.14)x +(10.34)y -(12.94)x y

-(0.8883)y -(6.474)x +(1.454)x y +(0.02239)y

=
 (6) 

 

( ) ( ) ( ) ( )

( ) ( ) ( ) ( )

2 2 2

3 4 2 2 4

z 17.26 14.95 y 30.09 x – 2.886 y – 4.126 x y

0.2208 y – 3.434 x 0.1986 x y – 0.006079 y

= − + +

+ +
 (7) 

 

( ) ( ) ( ) ( )

( ) ( ) ( ) ( )

2 2 2

3 4 2 2 4

z 58.73 38.16 y 37.61 x – 8.161 y – 22.98 x y

0.7862 y – 48.31 x 1.949 x y – 0.02798 y

= − + +

+ +
 (8) 

 
With these equations, one can now perform experimental 
evaluations for various sound-source positions which will be 
discussed in the next section. 
 

Experimental Results 
 
 Equation (1), which was used for simulation earlier, is 
now replaced with equations (6), (7) and (8) that were ex-
tracted from the experimental patterns to localize the SS.  
 
 The microphone arrangement was similar to the previous 
arrangement used for simulation. Here, a few more cases 
have been considered by decreasing the aperture of the mi-
crophone array to show that this method would be useful for 
making reduced-size sound localizers. First, the micro-
phones were arranged in a circular fashion two feet from the 
center. Then the distance was reduced to 1 foot and then to 
0.5 feet. Each of these arrangements was then tested for 
three different source locations. The entire process was re-
peated for the 800Hz, 1000Hz, and 1200Hz frequencies. 
 
 Figures 10, 11, and 12 show the experimental results. The 
three black dots A, B, and C represent the three bidirectional 
microphones and the red dot O is the origin. The red, green 
and blue pairs of lines are the directivity lines of the three 
microphones while the small black squares represent the 
experimental location of the sound source Se. 
 

 
Figure 10(a). Experimental results for Q2f for 800Hz 

 

 
Figure 10(b). Experimental results for Q2f for 1000Hz 

 

 
Figure 10(c). Experimental results for Q2f for 1200Hz 
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Figure 11(a). Experimental results for R2f for 800Hz 

 

 
Figure 11(b). Experimental results for R2f for 1000Hz 
 

 
Figure 11(c). Experimental results for R2f for 1200Hz 
 

 
Figure 12(a). Experimental results for S2f for 800Hz 
 

 
Figure 12(b). Experimental results for S2f for 1000Hz 
 

 
Figure 12(c). Experimental results for S2f for 1200Hz 
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Table 2. Comparison of experimental results with actual source 

positions 

Source Location Experimental Location 

 800 Hz 1000 Hz 1200 Hz 
Q2f(4.4105,6.8589) (4.403,6.975) (4.194,6.888) (4.08,6.99) 

R2f(-7.5473,-2.6339) (-7.425,-3.183) (-7.62,-2.137) (-7.559,-2.658) 

S2f(7.0396,2.0503) (7.765,-
2.108) 

(7.77,-1.839) (7.647,-2.039) 

 
 Table 2 compares the experimental results obtained for 
800 Hz, 1000 Hz, and 1200 Hz frequencies with the actual 
sound-source location. The above results show that the 
sound-source positions obtained from the experimental val-
ues are very close to the actual positions. The small differ-
ences associated with the measured source positions could 
have resulted from human errors. 
 
 The same approach was used to test the reliability of the 
system by moving the microphones closer. This was tested 
at distances of 1-foot and 0.5-foot distances from the center 
to the microphone. The results were similar to the 2-foot 
arrangement. This shows that the technology is not sensitive 
to distance. 
 
 Certain sound-localization applications in real-life require 
the sensors to be placed far apart rather than clustering them 
into a single device. Since the proposed technique employs 
bidirectional microphones, which are able to “listen” from 
front and back sides, the “far apart” arrangement is possible, 
and would require modifications in the proposed algorithm. 
The current algorithm does not take into account the area 
between microphones, considering that the aperture is small 
and it is impractical to have a sound source at that position, 
i.e. inside the localizing device. If the microphones were to 
be placed far apart, the area would increase. Accordingly, 
the algorithm must be revised so that the area gets factored. 
From yet another perspective, since the aim of the paper is to 
pave way for miniaturized portable localizers, the aspect of 
large-aperture testing was not a part of our experiments. 
 

Conclusions 
 
 This paper presents a novel sound-source-localization 
technique based on bidirectional microphones. In contrast to 
the technique relying on unidirectional microphones, the 
proposed technique provides complete 360° coverage with 
no blind spots in the plane of the microphone array. Experi-
ments with different arrangements of microphones and dif-
ferent sound-source positions have been conducted. The 
sound-source positions have been located by intersecting all 
possible sound directions identified through the bidirectional 
polar patterns. The experimental results prove the feasibility 
of this approach. There was no difference in the results when 

the microphones were moved closer to each other. It was 
seen that this technique works for low-aperture microphone 
arrays, making the system smaller and more portable. This 
shows that this kind of technology gives rise to a new gener-
ation of reduced-size sound localizers. The small differences 
associated with the measured source location could have 
been reduced if the microphone and sound source were 
moved/rotated with a more accurate mechanism instead of 
using a manual approach. 
 
 This study demonstrated the feasibility of the proposed 
approach which has 360° coverage using just three micro-
phones as opposed to six microphones [1]. Also, this does 
not have any limitations on the microphone-array aperture 
like the time-delay approaches. 
 
 Future work will involve extending this technique to 
three-dimensional problems. The possibility of source loca-
lization using two microphones could also be evaluated, 
which could lead to even smaller localizing devices at a re-
duced cost. The plan is to build a number of hardware proto-
types for demonstrating and fine tuning the proposed ap-
proach.  
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Abstract  
 

A new mathematical model representing the motion and 
control of an air-bearing vehicle (Chase Vehicle) was devel-
oped.  Closed form solutions for the motion of the vehicle 
are presented.  Subsequently, equations are utilized to arrive 
at a simple equation that describes the thruster firing time as 
a function of the distance traveled and the number of thrus-
ters being fired. A set of experiments was performed in 
which the two thrusters at the rear of the chase vehicle were 
fired for durations of 2 and 3 seconds, and the resulting mo-
tions were compared with those obtained for theoretical pre-
dictions. Results obtained via this analytical technique com-
pared remarkably well with those obtained with the simula-
tions performed via Simulink including the experimental 
results obtained in the laboratory. The comparison between 
the simulations and analytical results yielded an error less 
than one percent for all the cases considered. Both theoreti-
cal and numerical predictions were within 1% for all cases 
studied. 
 

Introduction 

 
 The research for space exploration has renewed interest in 
developing technologies to include programs in robotic and 
manned systems. Rendezvous and Docking missions be-
tween two spacecraft have been one of the primary topics of 
interest for NASA since 1960. Recent evolution of these 
topics provides examples of the Hubble Space Telescope, 
Space Shuttle, Russian MIR Dockings, and the International 
Space Station (ISS) construction missions. A common simi-
larity linking the current NASA mission philosophy and the 
very first Gemini docking mission is that at least one of 
these spacecraft has always been piloted by astronauts and 
supported by a virtual army of ground personnel. The ad-
vance of Rendezvous and Docking technologies from ma-
nual to automated capabilities is the objective of the Auto-
nomous Rendezvous and Docking (AR&D) project. The 
reduction in the recurring cost of routine docking missions is 
essential. For the missions requiring operations due to long 
communication delays, AR&D becomes predominant. The 
AR&D project objectives are establishing design criteria, 
test facilities, procedures, simulation techniques, etc. The 
simulation techniques influence standardization of the 

AR&D systems. Establishment of the test facilities and pro-
cedures support the development and verification of future 
systems prior to flight. Demonstrations of most of the objec-
tives were presented through flight experiments, 6 Degrees 
of Freedom (6-DoF) Hardware-In-The-Loop (HITL) simula-
tions, and digital test. 
 

The AR&D is primarily comprised of the Chase Vehicle 
(CV), Target Vehicle (TV), and 3-Point Docking Mechan-
ism (TPDM). These are necessary in one or more phases of 
an automated docking mission. Some of the AR&D system 
mission scenarios include: (1) autonomous phasing and 
rendezvous with a target spacecraft after the CV arrival in-
orbit, (2) automated approach and departure maneuvers, and 
(3) automated “soft dock” with the TV. The AR&D system 
is able to meet all of the requirements without ground inter-
vention while providing real-time monitoring capability.  
Presently, NASA has several developing missions that will 
require AR&D capability. 
 

The Chase Vehicle has an on-board computer that per-
forms hardware command, telemetry, guidance, navigation 
and control, collision avoidance maneuvers (CAMs) and 
system monitoring functions. A critical element to the sys-
tem is a Video Guidance System (VGS). This system pro-
vides real-time data to the on-board computer determining 
the relative position and altitude between the active sensor 
that is mounted on the chase vehicle and the passive target 
that is mounted on the target vehicle. The VGS uses laser 
diodes to illuminate retro-reflectors in the target. Then a 
solid-state camera detects the return from the target, and a 
frame grabber and digital signal processor convert the video 
information into the relative positions and altitudes [1-4].  A 
new generation of video-based sensors called Advanced 
Video Guidance System (AVGS) was developed with im-
proved performance and additional capability for longer 
range operations. The new design combines the sensor head 
and electronics module into one unit [3]. The Target Vehicle 
is equipped with a set of cones that align with the TPDM 
latches. A set of passive reflectors serve as the Global Posi-
tioning System (GPS) to the CV having a stabilized altitude. 
This hardware was successfully integrated and tested at 
NASA-MSFC FRL (Flight Robotics Laboratory) to verify 
the operational characteristics of the VGS in the low-earth-
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orbit environment. The 3-Point Docking Mechanism per-
forms the actual physical latching of the two spacecrafts. 
 

The AR&D system was designed and tested in a 1-G 
(earth’s surface) environment. The operation of the mission 
is accomplished by stepping through a set of automated ma-
neuvers through which the CV moves towards the TV, lead-
ing to an eventual dock [5], [6]]. The initial design and inte-
gration of the AR&D was completed in 1998 and tested in 
1999 at NASA’s Marshall Space Flight Center (MSFC). The 
facility is comprised of a 30 x 10m2 flat floor which houses 
an air-sled with 3 degrees of freedom, a 3-DoF Chase Ve-
hicle with associated hardware and software, and a 3-point 
docking mechanism. The air-sled weighs around 2500 
pounds and is equipped with 10 mini thrusters, each capable 
of generating 4 pounds of thrust and can steer the vehicle in 
the fore, aft, and yaw orientations. Its purpose was to dem-
onstrate technologies and mission strategies for automated 
rendezvous and docking of spacecraft in Earth orbit.  Some 
of the latest innovations in Global Positioning System space 
navigation such as laser-sensor technologies and automated 
mission-sequencing algorithms were integrated into this sys-
tem. Performance of the ground-based AR&D system was 
exceptional during the tests performed over a period of 6 
months [6]. 
 

In this study, a new mathematical model for the motion of 
the 3-DoF ground-based Chase Vehicle in the Flight Robot-
ics and Contact Dynamics Simulation laboratory at Marshall 
Space Flight center was developed. This mathematical mod-
el describes the motion of the vehicle as a function of time 
for the fore and aft positions. The model was then used to 
make a parametric study to correlate the thruster firing time 
with distance and the number of thrusters fired. As a result 
of this study, a two-step docking process was proposed. 
First, an assessment of the orientation of the CV relative to 
the target was achieved. Then, a prediction on the thruster 
firing time requirements was made and the chaser vehicle 
was brought within the vicinity of the three-point docking 
system. In the second step, on-board closed loop control 
algorithms were activated to perform the final docking. A set 
of experiments was performed in which the two thrusters at 
the rear of the air sled were fired for durations of 2 and 3 
seconds after which the resulting motions were compared 
with those obtained for theoretical predictions as well as 
those obtained via simulations. 
 

Methodology and Approach 
 
 The air-bearing vehicle (Chase Vehicle) used in the flight 
Robotics Lab at NASA-MSFC for the simulation of AR&D 
scenarios consisted of 3 air bearings responsible for lifting 
the vehicle, as well as ten thrusters, three-point docking 
cones and a laser range finder with associated software and 
hardware. Six compressed air tanks, embedded within the 

vehicle, supplied the energy needed for lifting the vehicle as 
well as generating thrust in the fore and aft directions. Figure 
1 depicts a two-dimensional view of the ground-based chas-
er vehicle with its associated components.  
    

Figure 1.  Schemetic of the air-bearing vehicle (Chase Vehicle) 

used in the Laboratory setup.  The vehicle consists of 3 air 

bearings responsible for lifting the vehicle which are supplied 

by three pressurized tanks, ten thrusters, three-point docking 

cones and laser range finder with associated software and 

hardware 

 
   The simplified model of the air-bearing vehicle is shown 
in the form of a free body diagram displayed in Figure 2. It 

has mass M, with the coefficient of friction µ, and is sub-

jected to the thrust force of T. Writing the equation of mo-

tion for this system yields: 
 

MgxM µ−ℑ=&&                                     (1) 

 
 
Figure 2.  Free body Diagram of the air bearing vehicle with 

the forces acting on it 

 
   Due to the loss of mass (air) in the system, the mass of the 
air-bearing vehicle at a given time is given by  
 

tmMM &−= 0
 ,                    (2) 
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where M0 is the initial mass of the air-bearing vehicle inclu-

sive of fuel, and tm&  is the mass of the fuel lost at a given 

time, t. The acceleration of the vehicle at a given time t is 
obtained as  

g
tmM

x µ−
−

ℑ
=

&
&&

0

 .                 (3) 

Integrating equation (3) using initial condition 0)0( ux =&  

along with simplification, velocity is obtained 
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Further direct integration of equation (4) applying initial 

condition 0)0( xx =  yields a non-linear expression for the 

position as: 
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Equations (3), (4), and (5) are valid as long as the thrusters 

are on. Once the thrusters are shut down (i.e., no external 

load is applied to the vehicle and 0=m& ), the foregoing equa-

tions reduce to the following: 
 

acceleration: gx µ−=&&  ,               (6) 

velocity: gtux o µ−=&  , and              (7) 

position: 2

2

1
gttuxx oo µ−+=               (8) 

Equations (3) through (5) are solved for the case while 
thrusters are on and equations (6) through (8) are used when 
the thrusters are turned off. The CV goes to rest via friction.  
It must be noted that equations (6) through (8) are implicit 
within equations (1) through (4). A reasonable graphic re-
presentation of the position of the CV as a function of time 
is shown in Figure 3. A typical laboratory mission consists 
of a thruster firing time in the range 1 to 12 seconds during 
which the CV is accelerated. After that, all thrusters are shut 
down and the momentum carries the air-bearing vehicle 
forward. However, very low friction in the laboratory envi-
ronment is taken into consideration for the deceleration pe-
riod of the vehicle. 
 

Equation (5) provides a relationship for the total distance 
traveled, d , as a function of thruster firing time, t, and the 
number of thrusters fired, n; that is, d = d(t,n). However, in a 
practical sense, the interest lies in finding an expression that 
describes a relationship between the firing time of the thrus-
ters as a function of the total distance that the CV travels and 
the number of thrusters fired, that is t = t(d,n).  

 

 
Figure 3.  Typical motion of an air-bearing vehicle once the 

thrusters are fired for a certain period of time. The first-stage 

vehicle accelerates as long as thrusters are active.  Once thrus-

ters are shut down, the vehicle travels a certain distance and 

finally comes to rest due to friction 

 

Figure 4.  Family of curves for distance traveled as a function 

of the number of thrusters fired 

 
To accomplish t = t(d,n) a test matrix varying thruster fir-

ing time and number of thrusters (n) was established. In the 
test matrix, the thruster firing time ranges between 0.2 to 12 
seconds and the number of thrusters varies from 1 to 3. Si-
mulations were performed for each case, and the distance 
corresponding to the thruster firing time and number of 
thrusters was recorded. To establish the relationship for d = 
d (t), a least square curve was passed through the resulting 
data points (distances). To find a correlation for the number 
of thrusters, a least square curve was again passed through 
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Displacement Diagram
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the coefficients of the individual set of equations, which are 
shown in Figure 4. The resulting equation for the individual 
set of equations was represented by d = d(n,t). The form of 
this resulting equation was obtained as 

 
22183.0 tnd =   ,                   (9) 

 
which, upon simplification, yields 
 

n

d
t 337.2=  .                                (10) 

  
   Equation (10) emphasizes the time required for firing n 
thrusters to carry the CV a total distance d either in the x or y 
direction.  In practice, this equation may be employed to 
position the CV within the vicinity of the target area and 
then use the control algorithms for docking the CV. 
 

Results and Discussions 
 
   In order to compare the validity of equation (10) Simulink 
was used to simulate the physical model and then employed 
to run a set of parametric tests for a varying number of thrus-
ters from n = 1, 2, and 3 for firing duration t = 1 through 8 
seconds. The outcome of the test cases for the analytical 
results versus the simulations is presented in Table 1.  
 
Table 1. Comparison of the distance traveled obtained via ana-

lytical and simulation results performed by Simulink for the 

thruster firing times of 1 through 8 seconds and number of 

thrusters varying from 1 to 3 

 

Firing 
Duration 

(sec) 

Number of thrusters Fired 

n = 1 n = 2 n = 3 

1 

0.18 m 
(analytical) 

0.73 m 1.64 m 

0.18 m 
(numerical) 

0.74 m 1.60 m 

2 
0.73 m 2.93 m 6.59 m 

0.71 m 2.92 m 6.58 m 

3 
1.64 m 6.59 m 14.83 m 

1.60 m 6.58 m 15.01 m 

8 
11.72 m 46.71 m - 

11.53 m 46.63 m - 

 
   In all cases, the analytical results obtained via equation 
(10) compared remarkably well, within 1% error limit, with 
those obtained via the Simulink simulations. Figure 5 com-
pares the results of the theoretical equations for displace-

ment given by equation (5) with those of the experimental 
results for the fore and aft displacements. 

Figure 5.  Comparison of theoretical and experimental results 

for (a) forward, and (b) lateral displacements as a function of 

time of the CV 

 
The control algorithm was utilized for zeroing in the air-

bearing vehicle to the one-meter range. The experimental 
results for the fore displacement compared relatively well 
with the theoretical prediction. However, for the lateral (aft) 
position, experimental results deviated significantly from the 
theoretical prediction. To validate equations (5) and (10), a 
set of experiments was performed in which two thrusters at 
the rear of the air sled were fired for durations of 2 and 3 
seconds. The resulting motion was compared with those 
obtained for the theoretical model. 
 

 Further examination of the theory and experiments was 
conducted for firing durations of 2 and 3 seconds. The plots 
are displayed in Figures 6(a) and 6(b), respectively. For the 
case of a 2-second firing time, the maximum distance tra-
veled was predicted as 3m. The experiment and theory 
matched fairly well. It appears that for both cases, where 
thruster firing period increases, the theory and experiment 
compared somewhat better than those of smaller thruster 
firing periods. Each experiment was repeated three times; 
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however, due to the imperfections in the floor and other 
noises within  

 
(a) 

 
(b) 

Figure 6.  Comparison of path prediction between experimental 

and theoretical results for 2 seconds firing duration (a) and 3 

second firing time (b) 

 
the laboratory environment such as air movement caused 
from air conditioning ducts, it was difficult to draw mea-
ningful average data from the three tests.  Experimental data 
in this study proved to be highly sensitive to the environ-
ment.  Other sources of error may be due to the friction coef-
ficient used for the simulation and time delay used in the 
software program in firing the thrusters. 
 

Further, to examine the experimental results (Figure 6-a) 
obtained in the laboratory with the analytical results ob-
tained in theory, given by equation (5), the hypothesis statis-
tical test was conducted.   

 

In the case under investigation, the experimental results 
pertain to measurements of distance traveled by the sled for 
a firing duration of 2 seconds and analytical results implies 
the distance traveled by the sled for the aforementioned fir-
ing duration and calculated by equation (5).  The hypothesis 
testing enables one to make a comparison between the per-
formances of the means of experimental with analytical re-
sults and determine if the differences in the means are statis-
tically significant.  The paired t-test is the appropriate statis-
tical test since the two populations, experimental and analyt-
ical, have the same related characteristic of interest which is 
time.  Therefore, the following hypothesis was conducted: 
 

H0 :  There is no difference in the means of two related  
        populations of experimental and analytical data 
H1 :  There is a difference  

 
The above hypothesis can be represented as: 
 

H0 :         µ D =  0   (where µ D =  µ experimental - µ analytical) 

H1 : µ D ≠  0 
 

where µ D  is the mean difference between the experimental  
and analytical results.  The pair t-test was calculated as: 
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where D is the average difference between the experimental 
and analytical results given by: 
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where SD is the standard deviation of the differences.  For a 
two-tailed test of the hypothesis with a given level of signi-

ficance, α,  you reject the null hypothesis if the computed t-
value obtained in equation (11) is greater than the upper crit-
ical value (tn-1) or if it is less than the lower critical value (-
tn-1).  Based on the sample of 94 observations, taken within 
the same time frame for both experimental and analytical 
results, using the standard SPSS statistical package, Table 2 
was obtained.   
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Table 2.  Results of Pair t-test for Experimental Data Versus 

Analytical Data Using SPSS Statistical Package   
 
Paired Samples Statistics 
 Mean N Std. Deviation 

Pair 1 EXPERIMENTAL 2.028060 94 0.486873006 

THEORETICAL 2.025049 94 0.476461643 
 
Paired Samples Correlations 
 
 
 

N Correlation Sig 

Pair 1 
EXPERIMENTAL 
& THEORETICAL 

94 1.000 .000 

 

 
 

Pair 1 

EXPERIMENTAL & 
THEORETICAL 

P
ai

re
d 

D
iff

er
en

ce
 

Mean 0.00301 

St. Dev 0.0131 

St Err Mean N/A 

95 %  Confidence 
Interval of the 
difference 

Lower 0.00033 

Upper 0.0057 

t 2.228 

df 93 

Sig(2-tailed) 0.028 

 
The results in Table 2 reveal that the calculated t-value from 

equation (11) was t =2.228.  Based on the α value (level of 
significance), the following analysis was done: 
 

α 
Upper critical 
value 

Lower critical value 

0.05 
0.01 
0.005 

1.9853 
2.3662 
2.6286 

-1.9853 
-2.3662 
-2.6286 
 

 
   The null hypothesis was accepted (there is no difference 
between the mean performance of the experimental versus 
analytical data) as long as the t-value is between the upper 

and lower critical values.  For α = 0.05 the null hypothesis 
was rejected and it was concluded that the mean perfor-
mance of the experimental results was significantly different 

than the theoretical results.  However, for α = 0.01 or small-
er the null hypothesis was accepted since -tn-1= -2.3662) < t 
= 2.228 < tn-1=2.3662 and concluded that the mean perfor-

mances of the experimental results is the same as the theo-
retical results. In addition, the RMS-error which measures 
the performance of experimental data was obtained as fol-
low: 
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t

te

X

XX
RMS

= 
324.415

566.0 = 0.0369 

 
   The result of RMS revealed the percentage of error or dev-
iation of the experimental results from the theoretical results 
to be as low as RMS = .0369. 
 

Conclusions 
 
   Analytical solutions obtained describe the position of the 
CV as a function of time and number of thrusters fired. A 
working equation was developed that defined the firing time 
requirement for the distance traveled. This equation com-
pared well with the simulation results obtained via Simulink. 
The experimental data obtained for the 2- and 3-second fir-
ing times and 2 thrusters compared relatively well with the 
numerical predictions.  The statistical analysis performed 
using SPSS software reinforced the validity of the theoreti-

cal equation versus the experimental at the α−less-than-0.01 
level of significance. 
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CASE STUDY OF AN ADAPTIVE AUTOMATED HEALTH 

INSURANCE FRAUD AUDITOR 
 

Fletcher Lu, University of Ontario Institute of Technology 

  

Abstract  

 
One of the significant potentials of encoding health 

records into an electronic format is as a vast resource that 
may be mined to find hidden relationships such as the task 
performed by auditors in their search for fraud.  However, 
the simplicity of the idea belies the difficulty of this task.  
The key software engineering challenge involves extracting 
information from different sources despite being presented 
in different formats.  An additional challenge is to merge this 
information with multiple fraud detection methods to take 
advantage of all the current detection techniques available.   
In this paper, a case study of a prototype software implemen-
tation of an automated fraud auditor is presented which was 
designed to replicate the investigative operation of human 
fraud auditors. The focus was on the adaptive design of the 
system. The implementation of this design on a set of real 
health insurance and hospital records, as well as a perfor-
mance test on real audited data, demonstrated its improved 
efficiency over human auditor fraud case building.  

 

Introduction 

 

In 1999, Stead and Lorenzi [1] illustrated the need to link 
investment in Health Informatics to derived value from that 
investment in terms of improved public health, improved 
quality as perceived by consumers, and lowered costs.  The 
automated fraud auditor presented here addressed the issue 
of lowering the costs of providing health care by reducing 
instances of health insurance fraud.  A cost that Simborg [2] 
estimated to be between 3% and 10% of the total health care 
costs, which is a huge range illustrating the great amount of 
uncertainty in the amount of fraud that may go undetected.   

 
Building a software application that will replicate the op-

eration of a human fraud auditor, however, presented many 
challenges.  The key challenge involved the core definition 
of fraud. The National Health Care Anti-Fraud Association 
(NHCAA) defines it as an intentional deception or misrepre-
sentation made by a person or an entity with the knowledge 
that the deception could result in unauthorized benefits to 
that person or entity [3].  Thus, fraud requires two compo-
nents: 

 
1. deception, and 
2. an unjustified gain or loss.   
 

What these two components imply is that whatever fraud 
is perpetrated, it is generally hidden to some degree and 
some party must obtain an unjustified benefit or loss.  Au-
tomated fraud-detection systems have been developed that 
use pre-defined sets of rules built by domain experts to un-
cover specific types of fraud.  These pre-defined require-
ments limit their broad-based usability.  More flexible me-
thods capable of uncovering new patterns of fraud involve 
statistical machine-learning techniques that may be classi-
fied as either supervised or unsupervised.  Supervised me-
thods train on data that has been labeled by domain experts 
for fraud and then searches on general data for information 
that satisfies the fraud patterns learned from the training 
data. Unsupervised methods, in contrast, search for out-
liers/anomalies in the data.  They potentially have a greater 
chance of uncovering new types of fraud as they are not re-
stricted in any way to preset rules or trained data. 

 
The software application developed in this study differs 

markedly from these previous fraud-detection tools in the 
fact that it may use these fraud detection tools to uncover 
potential cases of fraud.  But it goes one step further by 
building a case of fraud around those potential cases, just as 
an auditor might do, by searching for related records to as-
cribe the unjustified gain or loss to some party.  This new 
system, then, may best be described as a fraud-detection case 
builder, unlike any commercial system currently available in 
its case-building objective. 

 
Just as human auditors may use any and all possible 

fraud/anomaly detectors, the automated system developed 
here may do so as well.  The utility of this mechanism is in 

 
• automating the task of human auditors who have to run 

multiple detectors and then manually explore the re-
sults to build the fraud case; 

• speeding up the searching of the possibly vast amounts 
of data related to an outlier that must be sifted through 
in order to link records together that build a case for 
fraud; and 

• relating data across different database tables with dif-
ferent data representation formats for the same infor-
mation.  

 
These challenges may be compounded by the large num-

ber of potential fraud cases that may need to be investigated 
depending on the magnitude of the original search space that 
the outliers were drawn from.  In addition, healthcare data-
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bases are continuously growing with new data continuously 
presenting new potential cases of fraud. 

 
The system developed in this study uses a form of semi-

supervised learning known as reinforcement learning [4] to 
allow it to have the flexibility to take information from mul-
tiple detectors and search data from multiple databases that 
could be in numerous data formats.  The authors provide a 
background look at reinforcement learning, the various cur-
rent fraud-detection techniques, a detailed explanation of the 
system’s design, and a case study of the proposed system’s 
operation on data from a real insurance provider.   

 
It should be emphasized that this system is a fraud case 

builder paralleling the tasks of human fraud auditors.  This 
means that the system can take information from other fraud 
detection programs to build its case for fraud.  Thus, it 
should operate at least on par with any of the commercial 
fraud detectors as long as that fraud detector’s results are 
included in the system’s information when it creates its cas-
es.  The advantage of this fraud case builder is that it should 
be able to work faster than human auditors building these 
cases.  Attempting to replicate the human auditor’s task is 
what is unique to this system in contrast to fraud detection 
systems that currently exist which function primarily as tools 
for the human auditor to identify records and situations that 
the auditor must still investigate.    

 
As a comparison, the authors needed to compare their per-

formance not to existing fraud detectors, since the proposed 
system would actually use those fraud detector’s results, but 
rather to the performance of human auditors in identifying 
actual cases of fraud.  The proposed system should either be 
able to find all of the cases that the human auditors find, but 
faster, or cases that were not known to the human auditors. 

 
Three experiments were conducted: 
 

1. A preliminary experiment demonstrating the utility of 
combining information from more than one fraud de-
tector to produce more correctly identified cases of 
fraud over the fraud cases of two separate detectors 
each working alone. 

2. An experiment to measure the effects of combining 
information from two different fraud detectors in va-
rying ratios. 

3. A performance comparison on processing times of the 
proposed system against actual human fraud-auditor-
created rule sets on real health insurance data. 

 

Background 
 
As noted by Li et al.[3], health-care-fraud behaviors may 

be classified under the potential involved parties: 

i. Service provider fraud 
ii. Insurance subscriber fraud 
iii. Insurance carrier fraud 
 

Each of these parties may commit fraudulent actions such as 
 

i. Service-provider fraud: Billing for services not actual-
ly performed  

ii. Insurance-subscriber fraud: Falsifying claims to med-
ical services never received 

iii. Insurance-carrier fraud: Falsifying benefits statements 
 
In the case of a false billing of a service never performed, 

this could be perpetrated by either the provider or subscriber 
and illustrates the importance of relating a billing anomaly 
with is the person ultimately benefiting from the false bill in 
order to correctly identify the guilty and avoid false accusa-
tions. 

 
Uncovering such relations may require information from 

multiple resources such as the provider’s billing records 
compared against the insurance subscriber’s health records.  
Such records can be, and often are, in different formats, re-
quiring a system flexible in searching and matching across 
these multiple formats.  It is this required flexibility in repre-
sentation combined with a capability to search and build 
patterns of relations that the authors chose a semi-supervised 
learning technique known as reinforcement learning. 
 

Reinforcement Learning 

 

 
Figure 1. Representation of a Reinforcement Learning Network 

 

Here, the authors provide a very brief overview of the 
reinforcement learning technique to machine learning.  For a 
more detailed explanation, see Sutton and Barto [4].  In rein-
forcement learning, an environment is modeled as a network 

of states, S.  Each state, s∈S, is associated with a set of poss-
ible actions, a(s) ∈A and a reward for entering that state r(s) 
∈R, where A and R are sets of rewards and actions, respec-
tively.  It is possible to transition from one state, s(i), to 
another, s(j), by choosing an action, a(s(i)), with a certain 
probability, Prob(s(j) |s(i),a(s(i))).  The advantage of this 
representation is that it places very little restriction on for-
matting.  The objective of this representation is to find an 
optimal policy.  A policy is a function that maps states to 
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actions.  In other words, it makes choices on actions to take 
for any given state visited.  An optimal policy maximizes the 
long-term rewards one may obtain as one navigates through 
the network [4-6].  For the proposed fraud-auditing system, 
the optimal policy is one which will maximize the likelihood 
that a set of related data records form a case of fraud.  This 
relation is made by allowing rewards, R, in the reinforce-
ment environment to represent a numerical value derived 
from fraud detectors, where the larger the reward value, the 
more likely attributes in the state are an indicator of fraud.  
The appropriateness to use reinforcement learning, a method 
traditionally used in robotic search, to search across database 
tables was presented by Lu [7]. 
 

Fraud Detectors 
 

As stated in the introduction, a variety of fraud detection 
methods exist, with the adaptive ones being divided into 
supervised and unsupervised methods [8], [9].  For super-
vised methods, both fraudulent and non-fraudulent records 
are used to train a system, which then searches and classifies 
new records according to the trained patterns.  The limitation 
of supervised methods is that one must have both classes of 
records identified for the system to train on.  Thus, this ap-
proach is limited to only previously known methods of 
committing fraud.  A few of the more popular supervised 
approaches involve Bayesian networks [10] and classifiers to 
detect suspicious claims [11], Neural networks [12], [13] 
and Decision trees [14], [15]. 
 

Unsupervised methods, in contrast, often identify records 
that do not fit expected norms or essentially looking for out-
liers [16].  The advantage of this approach is that one may 
identify new instances of fraud.  A common approach to this 
method is to use forms of outlier detection.  The main limit 
to this approach is that we are essentially identifying anoma-
lies that may or may not be fraudulent behavior.  An audit 
investigator in this case may then be employed to analyze 
these anomalies for their likelihood to be indicative of fraud.  
One expert system that has been developed using unsuper-
vised techniques is known as SmartSifter [17], which uses 
probabilistic models to generate its outliers. 
 

Application Method 

 
Reinforcement learning is well-suited to linking together 

states through its state-action policy mapping.  For rein-
forcement learning to be used as a fraud case builder, it 
needs to be able to relate rewards with outliers that are in-
dicative of possible fraud.  It does so by preprocessing all 
records using sets of fraud detectors such as outlier/anomaly 
methods, so that all records have a numerical reward value 
that represents their likelihood of fraud.  The states of the 
proposed RL environment relate to individual records of the 
application environment, and the actions are the attributes of 

a record.  In this way, two records with the same attributes 
are linked together by a common attribute just as an action 
can relate two states of a classic reinforcement learning envi-
ronment network.  A second phase of the preprocessing is to 
search record columns for matching attributes across differ-
ent tables so that the columns may be linked during the rein-
forcement learning search.  For example, two databases may 
both include a column for patient names.  These should be 
linked in order to match records across databases.   

 
After the preprocessing, an exploration search on the RL 

environment produces an optimal policy indicative of fraud.  
This policy will then be followed to uncover a list of records 
that are related with a high chance of fraud.  Following is a 
summary of the proposed approach. 

 
1. First, preprocess all database records with a selection 

of fraud detectors to assign reward values. 
2. A second preprocess phase links database columns 

through their attributes matching different database 
tables using a pattern match search on the values 
within the columns. 

3. Run a reinforcement learning approach using 
attributes of a record as action choices in a reinforce-
ment learning context to search the databases until an 
optimal policy is found. 

4. Navigate through the environment using the derived 
optimal policy with a start state drawn from one of the 
significant outliers from the statistical distributions 
produced from step 1. 

5. Return all records encountered. 
 

 
Figure 2. Screen capture of the application with sample health 

insurance data set 

 
The returned records are all in ranked order from most 

likely fraudulent to least likely, based on their reward value.  
For further details on these algorithmic techniques and prin-
ciples behind this application see Lu [7]. 
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Figure 2 illustrates the interface window of the authors’ 
software application.  There are a number of features that 
have been incorporated for usability and functionality.  To 
allow for searching multiple database tables, the authors 
used multiple tabs; each tab holds a table of a database.  Da-
taset 1 in Figure 2 illustrates a sample health insurance 
record, while data set 2 shown in Figure 3 illustrates a table 
of hospital in-take records.  The blank window below the 
data-sets window is where the list of related records that are 
potentially fraudulent are presented, with each potential case 
of related records listed per row.  The system has capabilities 
to search for specific terms within columns of tables in order 
to support a user’s analysis of the results.  This initial proto-
type includes functionality for: 
 

1. Two forms of fraud outlier detectors; 
2. Search capability to set thresholds for different ran-

dom walks;  
3. Options on using an online update method with the 

‘Dynamic Exploit’ button, which continuously up-
dates the policy with new updated records or an off-
line solution with the ‘Heavy Exploit’ button. 

 

 
Figure 3. Screen capture of application with sample hospital 

intake records displayed 

 

Experiments 
 
Experiment 1 
 

As a first test on the proposed automated auditing ap-
proach, the authors ran a system test using real insurance 
data consisting of 31,804 records that had been audited and 
labeled for fraud cases.  The data was divided into a set of 
ten test sets with a random selection method to choose the 
records that would be included in each test case.  An outlier 
detection approach, where records that deviated from a set 
threshold were included in the fraud category, were com-

pared against the proposed system which used the same thre-
shold but with aggregated information over several related 
records.  A single fraud detector is used in any given record, 
but different records could use different fraud detectors.  In 
the current experiment, the authors used two fraud outlier 
detectors: a Normal Distribution outlier and a method known 
as Benford’s law distribution outlier. 
 

 
Figure 4. Improvement with automated auditor 

 
Figure 4 illustrates the averaged results of this experiment 

comparing the percentage of correctly identified fraudulent 
cases relative to the number of cases each method recom-
mended as potentially fraudulent.  Generally, the automated 
auditor had approximately double the precision of using the 
fraud detector alone. 
 
Experiment 2 
 

 
Figure 5. Combining fraud detection data with Benford vs. 

Normal Distribution Rewards 

 

As a second test, the authors wanted to consider the scena-
rio where more than one fraud detector may contribute use-
ful fraud information to a record.  Under such a situation, 
how should one combine the multiple pieces of evidence 
into a single reward value?  In this experiment, the authors 
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combined normal distribution outlier rewards with the Ben-
ford’s Law outlier reward. The reward formula used was 

 
Reward(i) = RB(i) × %B + RN(i) × (1 − %B),               (1) 

 
where RB(i) is the Benford reward calculated for state i, 
RN(i) is the Normal distribution reward calculated for state i 
and %B is the percentage Benford’s reward contributes to 
the overall reward value ( 0 ≤ %B ≤ 1). 
 

Using real industry data that had been audited for fraud, a 
reinforcement learning algorithm was run over six trial runs, 
where each trial was comprised of fifteen sampling trajecto-
ries of 1000 sampling steps and where rewards were varied 
in increments of 10%. Normal distribution rewards appear 
on the far left side of Figure 5 and decrease from there with 
increasing amounts of Benford rewards until 100% Ben-
ford’s Law distribution rewards on the far right side of the 
figure are reached.  The data used includes 227,156 records 
with 1,526 previously identified fraudulent records, which 
were used to verify the accuracy of the fraud results.   

 
Analyzing the average results from the results of Figure 5, 

it would also appear that the two reward methods interact in 
a complicated manner.  The fraud-detection accuracy in-
creases to a peak at 20% Benford/80%Normal, and then 
peaks again at approximately 80% Benford/20% Normal, 
giving a possible bimodal interpretation. This indicates that 
combining the two reward mechanisms has some benefit 
yielding generally greater true-fraud cases compared to the 
detection accuracies of each detector alone shown on each 
far end of the graph.  This result supports the idea that com-
bining information from multiple fraud sources will general-
ly yield improved results.  
 
Experiment 3 

 
In the third experiment, an insurance business dealing in 

coverage for individuals for both dental and pharmaceutical 
drug claims wished to assess their auditors’ performances 
against the proposed systems to determine how much effi-
ciency improvement, if any, there may be using this auto-
mated fraud auditor.  The experiment looked at comparing 
the performance time of a human-auditor-created-fraud rule 
using customized commercial software tools against the pro-
posed automated fraud auditor. The rule sets were designed 
to extract records satisfying conditions that they had identi-
fied as indicative of potential fraud.  The rules also included 
a rank ordering of the records from most-likely-fraudulent to 
least.  The company used an oracle database with custo-
mized query capability with commercial statistical software 
for the fraud auditors to extract their records.  A base re-
quirement was that the ranking should be the same on the 
same set of data.  If that condition was satisfied then the 
performance times of the human-auditor-created rule set 

query and ranking time could be compared with the authors’ 
system’s time. 
 

The data consisted of three months of drug claims records 
comprised of 1,890,548 actual records from January 1, 2010 
to March 31, 2010.  The authors were asked to conduct two 
searches: the first was a ‘Field test’ of the proposed system.  
The second was an ‘Unknown results test’ that was actually 
a search that the business’ own fraud system failed to com-
plete. During a test, their system simply crashed during the 
query processing; thus, they were unaware of what actual 
results they should get.  The authors’ system was able to 
produce the required rank ordering for the first test and 
completed the second search with a list of rankings.  The 
runtimes are presented in Table 1.  The table compares the 
actual search and ranking times of the proposed system 
against the time the insurance business’ rule set queries took 
to conduct the same search. 
 
Table 1. Runtime Comparisons of Fraud Claims with ranking 

order 

 Automated 

Fraud Auditor 

Business’ Fraud 

Auditor’s system 

using rule sets 

Field test 18 min 22 sec. Approximately 7 
hours 

Unknown 

Results test 

4min. 18sec. Failed to Complete 

 
The results of this experiment demonstrated that not only 

did the system produce results satisfying the required crite-
ria, but that the runtimes were impressively better.  This 
supports the premise for the creation of this system to sup-
port human auditors by replicating their task.  But by auto-
mating portions of the task, the human auditors can be al-
lowed to conduct larger and more diverse searches with the 
saved time. 
 

Conclusions 
 

In this paper, the authors presented a case study of soft-
ware implementation for an automated fraud auditor de-
signed to support human auditors in their search for fraudu-
lent acts.  The main advantages of this approach are its flex-
ibility in combining information from multiple database 
records and using the information from multiple fraud detec-
tors to build its cases.  A detailed approach was used to al-
low for this flexibility by using a semi-supervised learning 
approach with few restrictions on format or structure.  Pre-
liminary tests on the prototype were conducted incorporating 
two outlier fraud-detection methods and demonstrated its 
improved precision for finding fraudulent records over the 
outlier fraud detectors alone.  Different approaches were 
tested for combining fraud detectors. Finally, runtime im-
provements were demonstrated over human-auditor-created 
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fraud searches on real health insurance data producing com-
parable results but in a significantly shorter time frame. 
 

In terms of future work, to test the approach’s efficacy, the 
authors plan to incorporate more sophisticated fraud detec-
tors to build fraud rewards such as a Bayesian [11] and a 
neural network detector [18].  The ultimate objective is to 
measurably recover losses due to uncovered cases of actual 
fraud.  However, issues of privacy [2], [19], maintaining 
corporate and institutional confidence [1], and the speed of 
actual prosecution of potential fraud cases [20] presents 
challenges for both the measuring of actual cost savings and 
publicly presenting those savings. 
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   Abstract 
 

Tinnitus is the perception of sound occurring without an 
external stimulus. Sound therapy is one of the most effective 
treatment techniques that have been employed by clinicians. 
To account for mechanisms of tinnitus generation and the 
clinical effects of sound therapy from the viewpoint of neur-
al engineering, the authors have proposed a conceptual neur-
al oscillator model with plasticity for the human auditory 
system. In this study, the authors found that this model has a 
bistable state, i.e., a condition where a stable oscillatory state 
and a stable non-oscillatory equilibrium state coexist at a 
certain parameter region. It was also found that the oscilla-
tion can be inhibited by supplying sinusoidal or random sti-
muli, which was hypothesized as sound for treatment of tin-
nitus, in this model. Through numerical simulations, the 
authors discovered that adequate noise stimulus can inhibit 
the oscillation. By hypothesizing that the oscillation and the 
equilibrium correspond to generation and inhibition of tinni-
tus, respectively, it can be stated that these phenomena could 
explain the fact that the human auditory system temporarily 
halts perception of tinnitus following sound therapy. This 
paper describes dynamical properties of the model and inhi-
bition of the oscillation for sinusoidal stimulus and a kind of 
noise stimulus, which corresponds to the sound in the treat-
ment of tinnitus.  
 

Introduction 

 
Tinnitus is the perception of phantom sounds in the ears 

or in the head. It is believed that tinnitus is an auditory phan-
tom phenomenon resulting from neuronal activity some-
where along the auditory pathway. This phantom perception 
is a common condition and it can originate from many 
sources. Tinnitus can be perceived due to the damages in a 
variety of the pathologies of the auditory system. It has been 
shown that auditory percept can be generated by exposure to 
loud noise or medications which have a toxic effect on the 
inner ear. Additionally, tinnitus can be associated with a 
variety of diseases such as thyroid abnormalities, diabetes 
and hypertension. In some cases, tinnitus can be traced to an 
internally generated sound, for example, spontaneous otoac-
oustic emissions. However, in the overwhelming majority of 
serious sufferers, there is no obvious sound source to ac-
count for the tinnitus percept [1-3]. 
 

Tinnitus is a chronic disease with a reported prevalence of 
10–15% [4–8]. Globally speaking, this corresponds to ap-

proximately 700 million people. The effect of tinnitus on 
quality of life in patients suffering from this disease should 
not be underestimated. It is noteworthy that an estimated 
20% of patients indicate that their quality of life is signifi-
cantly deteriorated. Many patients experience insomnia and 
depression, and in 1% of the population tinnitus seriously 
interferes with their life [7–9].  

 
Attempts have been made to help those who suffer from 

tinnitus. The common types of tinnitus treatment include 
medication therapy, biofeedback, relaxation therapy, cogni-
tive behavioral therapy and sound therapy. Although many 
therapies have been proposed and tried, there is no systemat-
ic and proven approach for treating tinnitus. 
 

Despite numerous animal and human studies, the neural 
abnormalities underlying tinnitus are largely unknown. In 
some patients tinnitus can be traced to an internally generat-
ed sound such as vascular structures in pulsatile tinnitus; in 
the vast majority, however, no obvious sound source can be 
pinpointed. It has been proposed that tinnitus results from 
abnormal neuronal activity arising at some point along the 
auditory pathways which is interpreted as sound at a cortical 
level [10–12]. This abnormal neuronal activity is hypothe-
sized to be the neural correlate of tinnitus, which is consi-
dered to be an auditory phantom phenomenon, similar to 
central neuropathic pain, due to neural plasticity in response 
to total or partial deafferentation somewhere along the audi-
tory tract [10], [13–15]. Animal and human studies have 
provided some evidence for this theory [8], [12], [13], [16–
22]. Functional MRI has been applied in a few studies, 
mainly case studies [23–25]. The purpose of these studies 
has been to visualize the entire central auditory pathway in 
patients with lateralized tinnitus and in patients with bilateral 
tinnitus to evaluate lateralization of fMRI signal change and 
activation clusters. The most important fMRI study shows an 
abnormally low percentage signal change in the inferior col-
liculus (IC) contralateral to the side of the perceived tinnitus 
[26]. Structural brain changes in tinnitus have also been dis-
covered using MRI [27]. 
 

The role of neural plasticity in the auditory system and 
tinnitus has been discussed in neurophysiologic studies, and 
thalamocortical correlates or dorsal cochlear nucleus activi-
ties with plasticity have been investigated [28-32]. Electro-
physiological studies of the auditory system have demon-
strated an evidence for thalamic plasticity via top-down 
modulation [29]. Computational modeling of thalamocortic-
al correlates with plasticity from the perspective toward un-
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derstanding of the tinnitus has been reported [33]. A tinnitus 
model based on the work by Jastreboff [11], combined with 
the adaptive resonance theory of cognitive sensory 
processing [34], has been proposed for identification of 
neural correlates of the tinnitus decompensation [35]. The 
effect of auditory selective attention on the tinnitus decom-
pensation has also been investigated by modeling corticotha-
lamic feedback dynamics [36], [37]. 

 
There are two typical sound therapy techniques, namely, 

the TM (Tinnitus Masking) technique and TRT (Tinnitus 
Retraining Therapy), where those who suffer from tinnitus 
listen to these therapeutic sounds for several hours a day 
[38]. In these techniques, white noise or spectrum-modified 
white noise are introduced to tinnitus sufferers as therapeutic 
sound. These sounds are usually presented via a custom-
made noise (sound) generator or a tinnitus masker. It has 
been reported that sound therapy has a clinical effect, in a 
great number of cases in this management method where 
tinnitus perception is temporarily halted after the removal of 
the noise (sound) generator. This cessation of tinnitus fol-
lowing the presentation of a masking stimulus is referred to 
as residual inhibition. The mechanisms of tinnitus and its 
management by sound therapy, however, are not clear. Some 
attribute the success with sound therapy to brain plasticity 
[39] while others consider it a habituation process [40]. 

 
The purpose of this current study was to address mechan-

isms of tinnitus generation and the clinical effect of the 
sound therapies from the viewpoint of neural engineering. 
Accordingly, the authors proposed a plastic neural network 
model for the human auditory system. They also previously 
reported [41] that a certain region of the parameter hyper 
space exists where an oscillatory state and a non-oscillatory 
equilibrium state coexist. It was shown that the oscillatory 
state is inhibited by supplying a sinusoidal stimulus resulting 
in a transition to an equilibrium state [42], [43]. By hypothe-
sizing that the oscillation and the equilibrium correspond to 
generation and inhibition of tinnitus, respectively, the au-
thors demonstrated that these phenomena could explain the 
fact that the human auditory system temporarily halts per-
ception of tinnitus following sound therapy. This paper illu-
strates inhibition of the oscillation in the proposed model 
using band-noise stimulus as therapeutic sound [44], [45]. In 
tinnitus clinics across the globe, similar noise stimuli have 
been employed for treatment of tinnitus by TM. 
 

Model Description 
 

The human auditory system consists of two divisions, a 
peripheral portion and a central portion. The cochlear hair 
cells are located in the peripheral portion and transform 
acoustic vibrations received by the ear into neural signals. 
The central auditory pathway is composed of many portions. 

It receives the neural auditory messages that have travelled 

via the auditory nerves to the cochlear nucleus, the superior 
olivary complex, the inferior colliculus, the medical genicu-
late body, and the auditory cortex. Subsequently, the brain 
perceives the neural signals as sound. In cases of certain 
tinnitus patients it has been observed that cochlear dysfunc-
tion occurs, and abnormal neural signals from the cochlea 
cause abnormality in the central nervous system. Conse-
quently, tinnitus can be triggered. In addition to ascending 
pathway, the cochlear nucleus complex receives descending 
efferent fiber bundles to control the function of cochlear 
outer hair cells [9]. 

 
In this study, the authors proposed a conceptual neural 

network model to account for tinnitus generation and its 
inhibition from the neural engineering point of view [33]. 
Figure 1 shows the proposed neural oscillator model of the 
human auditory system. 

 
 

 
 

Figure 1. A Neural Oscillator Model 

 
The human auditory system in this case is represented as a 

neural oscillator which consists of two excitatory units de-
noted by “E1” and “E2”, and an inhibitory unit denoted by 
“I”. The unit represents the aggregate of a neural ensemble 
in this model. The excitatory units E1 and E2 form a positive 
feedback loop by mutual coupling, while the units E2 and I 
form a negative feedback loop by mutual coupling. These 
two loops enable the model to oscillate. This configuration is 
the simplest in terms of neural arrangement that could dem-
onstrate oscillatory behavior. The unit E1 receives an incom-
ing signal, S, which is associated with an external sound 
signal. 
 

The neural coupling from the j-th unit to the i-th unit is 
expressed by the positive constant Cij (i, j∈{1, 2, I}). 

 
dx1

dt
= (−x1 + C12z2 + S) /τ1                                                (1) 

dx2

dt
= (−x2 + C21z1 − C2I zI ) /τ 2                                        (2) 

and 
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dxI

dt
= (−x I + C I 2z2) /τ I                                                 (3) 

where xj and τj are the internal potential and time constant of 
the j-th unit, respectively. The output of the j-th unit is de-
noted by zj, which is given by the equation 

z j =
2

π
tan−1

x j
                                                               (4) 

It was assumed that the coupling strength from the unit E2 
to the unit E1, denoted by C12, would have plasticity in such 
a way that it would change according to the product of the 
outputs of the units E1 and E2. This would mean that the 
coupling strength C12 would be one of the state variables in 
the model system. It was expressed as 

dC12

dt
= (−C12 + bz1z2 + C0) /τ C .                                    (5) 

The C0, b, and τc are also positive constants which denote the 
equilibrium of C12 under z1z2 = 0, the efficiency of streng-
thening the synaptic coupling based on Hebbian hypothesis 
[46], and the time constant of C12, respectively. 

 

At the present time, it is not possible to specify what re-
gions in the brain correspond to each unit in the model. The 
model was hypothesized to represent tonotopic organization 
and depends on the perceived pitch and reported frequency 
of tinnitus. Based on the anatomical structure of the auditory 
system, the proposed model is likely to include the thalamus, 
at which a massive corticofugal projection ends. The thala-
mo-cortico-thalamic loop forms an ideal positive oscillatory 
loop, while the thalamic interneurons and thalamic reticular 
GABAergic neurons likely play the role of inhibitory neu-
rons. 

 
The external auditory stimulus, which is represented by S 

in Figure 1, is received as an input in unit E1 and results in 
generation of aggregate neuronal activity of an ensemble in 
the proposed model. In the auditory system, such processing 
occurs at the peripheral nervous system and the correspond-
ing mechanism in terms of neural engineering is represented 
within unit E1. Aggregate activity of thalamic interneurons 
and thalamic reticular GABAergic neurons are captured 
within the excitatory unit E1 and inhibitory unit I.  

 
Aggregate neuronal mechanism represented within the 

cortex pertaining to the perception of tinnitus is represented 
by the unit E2. The thalamo-cortico-thalamic loop is 
represented by the excitatory links between the units E1 and 
E2 and the excitatory-inhibitory links between units E2 and I. 

 
 
 
 

Attractive Region of Non-Oscillation 
 

The plastic system expressed by equations (1) – (5) has 
two attractors. An equilibrium point in the dynamical system 
can easily be found: (x1, x2, xI, C12)=(0, 0, 0, C0). The other 
attractor is an oscillatory orbit. Numerical analysis of the 
system revealed that the equilibrium exists in the range of 

C0, 06.80 0 ≤≤ C and the oscillatory orbit in 65.20 ≥C  [40]. 

Consequently, the system is bistable in 06.865.2 0 ≤≤ C . 

 
Also in the system with no plasticity—that is, where the 

coupling strength C12 is not expressed by equation (5), but 
rather given to a constant value—there are two attractors: an 
equilibrium point (x1, x2, xI)=(0, 0, 0) and an oscillatory or-
bit. The system also has the similar bistable region of C12 to 
the region of C0 in the plastic system. Which attractor the 
system converges to depends on the initial values of x1, x2 
and xI. 

 
In Figure 2, are shown two examples of the region of the 

initial values of x1 and x2. When coupling strength values 
C12, C21, C2I and CI2 are help constant, the system is attracted 
to the non-oscillatory solution when different initial values 
of x1 and x2 are used. The parameters in equations (1) – (3) 
were fixed such that τ1=0.01 seconds, τ2=0.01 seconds, 
τI=0.02 seconds, C21=10, C2I=10 and CI2=20. The initial val-
ue of xI was also fixed at zero. 
 

The dynamics of the system are governed by equations (1) 
– (3). In the black region in Figure 2, if the initial x1, x2 val-
ues are inside the black region—excluding (0, 0)—then the 
system is attracted to the equilibrium point (0, 0, 0) and the 
oscillations subside. If the initial x1, x2 values are outside the 
black region, the oscillation occurs as the system is attracted 
to the oscillatory orbit. 

 

 
Figure 2. Regions of attraction to the equilibrium point at all 

constant couplings, i.e., all Cij are constant. The initial value of 

xI is fixed at zero 
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Notice that these results show dynamic properties of the 
non-plastic neural oscillator model, which is described by 
equations (1) - (3).  According to the results, the model has 
the dynamic property that the attractive region of the non-
oscillatory solution is expanded by reducing the value of C12. 
In addition, any oscillatory behavior in this region eventually 
settles down in the non-oscillatory state without external 
stimulus according to the dynamic property of the model. 

Eventually, when 65.212 <C , any initial value yields a non-

oscillatory solution. Therefore, to inhibit the oscillation, it is 
important that the states of x1, x2, xI, C12 change into such an 
attractive region of non-oscillation by external stimulus. 
 

Inhibition of Oscillation by External 
Stimuli 
 

The inhibition of oscillation by various external stimuli 
was examined with the model incorporating the synaptic 
plasticity, which is the system described by equations (1) - 
(5). In equation (5), the plasticity parameter values C0=3, 
b=20, τc=0.5 seconds were employed. These parameters of 
plasticity were arbitrarily determined so that the simulation 
was performed within the appropriate time. The time scale 
would be much longer in the clinical situation as it is impor-
tant to sufficiently expose the ears to a sufficient duration of 
acoustic stimulation for better inhibition or habituation. 

 
Demonstrated here are some simulation results with sinu-

soidal wave and band noise as external stimuli. The stimuli 
were applied to the unit E1 for the duration of 2 ≤ t ≤ 8 
seconds. 

 

1) Sinusoidal stimulus 
Auditory stimulations can be viewed as a composite of 
sinusoidal signals. Hence, the first experiment was sup-
plied an adequate sinusoidal stimulus [28]. Figure 3 
shows an instance in which the oscillation was inhibited 
by sinusoidal stimulus defined as 

S = 2√2 sin 20πt.                                                             (6) 

 
Figure 3. Inhibition of oscillation by sinusoidal stimulus 

The value of the amplitude was fixed so that the root mean 
squared value (RMS) of the stimulus was 2.0. The timing 
diagrams in the left column show the waveforms of x1, x2, xI, 
C12 and S, respectively; and their corresponding power spec-
tra are illustrated in the right column. 
 

It can be seen that by applying stimulus S starting at 2 
seconds, the value of C12 gradually decreases and, conse-
quently, the oscillations are inhibited. Note that the oscilla-
tion does not reoccur even after the sinusoidal stimulus stops 
at 8 seconds. By hypothesizing that the damping of C12 os-
cillations corresponds to what is called residual inhibition in 
the human auditory system for tinnitus, the phenomenon 
could explain the fact that the human auditory system tem-
porarily inhibits the perception of tinnitus after sound thera-
py. This is a promising observation and it can help in better 
management of tinnitus. 
 

The reason why the coupling strength C12 decreases is ex-
plained as follows. The plasticity is formulated based on the 
Hebbian hypothesis in equation (5). It works in such a way 
that the coupling strength C12 increases when the units E1 
and E2 oscillate in-phase, and decreases when the oscilla-
tions of the units E1 and E2 are anti-phase. Without stimulus, 
the oscillations of the units are in-phase, while they are out-
of-phase with stimulus and close to anti-phase. 

 
2) Band-noise stimulus: 

Band-noise stimulus is typically used in the treatment of 
tinnitus using the TM approach [27]. In this approach, 
the desired noise is a band of noise with a frequency 
emphasis that approximates the frequency of perceived 
tinnitus. The frequency (pitch match) of tinnitus can 
range from low frequencies to high frequencies in dif-
ferent individuals. Most of the tinnitus sufferers perce-
ive tinnitus at high frequencies between 2–8kHz. 

 
In this experiment, the authors hypothesized that the fun-

damental frequencies of perceived tinnitus were 2, 4, 6, and 
8kHz, and subsequently employed a band noise generated 
from Gaussian white noise through a band-pass filter which 
operates between each fundamental frequency with a ± 5% 
margin.  RMS (Root Mean Square) was also adjusted to 
about 400. 

 
Figures 4(a)-(d) show successful results for inhibition of 

the oscillations. The timing diagrams in the left column 
show the waveforms of x1, x2, xI, C12 and S, from top to bot-
tom, respectfully. Their corresponding power spectra are 
illustrated in the right column.  

 
In Figures 4(a) and 4(b), oscillation of x2 and xI stops im-

mediately after the noise input is applied and it brings the 
rapid decrease of C12. In Figure 4(c), oscillation of x2 and xI 
is maintained for about 1 second.  In Figure 4(d), oscillations 
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of x2 and xI are maintained almost until t=8 seconds. Howev-
er, the value of C12 gradually decreases from the point of 
applying the stimulus. Eventually, the oscillations of x2 and 
xI stop. This implies that plasticity in connectivity between 
various neuronal ensembles in the auditory system may play 
a role in the inhibition of tinnitus. Note that during the appli-
cation of noise, input unit E1 is in an oscillating mode repli-
cating the perception of tinnitus. After removing the input, 
the oscillation of the unit is in the state of non-oscillation, 
which replicates the state where the tinnitus is not perceived. 
It was observed that the oscillation was inhibited with cer-
tainty in all the simulations when 100 trials were conducted 
with different random sequences. 

 
Figure 4(a). Inhibition of oscillation by band noise stimulus with the 

band between 2kHz ± 5% margin and 400 RMS 

 
Figure 4(b). Inhibition of oscillation by band noise stimulus with the 

band between 4kHz ± 5% margin and 400 RMS 

 

 
Figure 4(c). Inhibition of oscillation by band noise stimulus 

with the band between 6kHz ± 5% margin and 400 RMS 

 

 
Figure 4(d). Inhibition of oscillation by band noise stimulus 

with the band between 8kHz ± 5% margin and 400 RMS 

 

Figures 5(a) and 5(b) show the results for a 4kHz band-
pass filter with a margin of ± 5% and an RMS adjusted to 
about 200.  Figure 5(a) shows a successful result similar to 
that of Figure 4(d). Oscillations of x2 and xI were maintained 
almost until t=8 seconds. However, the value of C12 gradual-
ly decreased from the point of applying the stimulus. Even-
tually, the oscillations of x2 and xI stopped. On the other 
hand, for the same conditions, there were unsuccessful re-
sults in which the value of C12 was almost unchanged for the 
4kHz filter and, consequently, the oscillations continued 
through the entire simulation time, as seen in Figure 5(b). It 
was observed that the oscillation was inhibited with the 
probability 74% when 100 different random trials were con-
ducted. 
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Figure 5(a). A successful experiment for inhibition of oscillation 

by band noise stimulus with the band between 4kHz ± 5% 

margin and 200 RMS 

 

 
Figure 5(b). An unsuccessful experiment for inhibition of oscil-

lation by band noise stimulus with the band between 4kHz ± 

5% margin and 200 RMS 

 

 
Figure 6. An unsuccessful experiment for inhibition of oscilla-

tion by band noise stimulus with the band between 4kHz ± 5% 

margin and 10 RMS 

 

As seen in Figure 6, for band noise with much lower pow-
er (RMS=10), it was observed that the value of C12 was al-
most unchanged and, consequently, the oscillations contin-
ued through the entire simulation time for all the simulations 
that we examined with 100 different random sequences.  
Therefore, it can be concluded that the inhibition of the os-
cillations by band noise stimulus requires an appropriately 
higher RMS value.  

 

For TM that uses band noise, higher amplitudes were used 
for the external sound in clinical practice so that the patients 
could not hear the sound of tinnitus [27]. It was not possible 
to precisely compare the RMS values of the noise in the si-
mulation with the clinical data. However, the amplitude of 
the oscillation of x1 was larger than the one that was seen 
before the noise was applied in Figures 4 and 5(a), and suc-
cessful results were obtained. In Figure 6, the amplitude of 
the oscillation of x1 was same as the one that was seen be-
fore the noise was applied and the result was unsuccessful. It 
corresponded to the situations when the noise was applied in 
clinic. Therefore, the results seem to be consistent with the 
practice. 
 

Conclusions 
 

In this study inhibition of the oscillation in the plastic 
neural oscillator model using sinusoidal wave and band 
noise was demonstrated. Through numerical simulations, it 
was found that band noise stimulus can inhibit the oscilla-
tion. Therefore, the finding of this experiment could explain 
the fact that the human auditory system temporarily halts 
perception of tinnitus following TM and that it is a kind of 
sound therapy using band noise stimuli. 

 
It has been reported [27] that for TRT lower amplitudes 

were used for the stimulus so that the patients could hear the 
sound of tinnitus. In this current study, the simulations used 
the Gaussian white-noise stimulus that TRT employs. These 
simulation results seem to be consistent with the practice 
[44]. 

 
The parameters of plasticity were arbitrarily determined 

so that the simulation was performed within an appropriate 
time. The time scale would be much longer in the clinical 
situation. Further correspondence of the simulation data to 
clinical data needs to be examined. 

 
Future work will expand this model so that it can more ef-

fectively relate to the underlying physiology of tinnitus, and 
explore better stimulation for its inhibition. This, in turn, 
will result in improvement in designing better and more ef-
fective sound therapy techniques and stimuli. The present 
model consists of the simplest arrangement of neuronal en-
sembles that can produce an oscillatory state which would 
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resemble the perception of tinnitus. As discussed, the ar-
rangement represents the aggregate mechanisms in the tha-
lamo-cortico-thalamic loop and future enhancements of the 
model will focus on adding excitatory and inhibitory con-
nectivity between units E1 and I in order to capture intra-
thalamic interactions. 
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Abstract 
 

Hydroelectric plant design is an involved process that in-
cludes dealing with hydrology, fluid mechanics of open and 
pressure conduits, turbomachinery, economics, and electrical 
power generation. This process involves an economic trade-
off condition between capital cost and possible profit from 
electricity generation; this is an implicit optimization prob-
lem. Due to the nature of these types of designs, hydroelec-
tric plant design involves a great deal of engineering judg-
ment. Enhanced ability to make engineering judgments is 
one desired outcome of any engineering or engineering 
technology program. This paper deals with a design problem 
for students in a fluid power course within an engineering 
technology curriculum and shows the benefits of a final 
project and that requires some engineering judgment.  
 

Introduction 

 
How do we prepare students for a work environment, 

when classes are often highly structured and their future 
work environment is often fraught with ambiguous situations 
that call for spur-of-the-moment judgments? How do we 
instill engineering judgment in students? Teachers need to 
go beyond just giving the students a set of tools to be uti-
lized for a broad set of circumstances by actually showing 
the students when to use a certain tool, which is the begin-
ning of engineering judgment. 
 

This proposed approach to address these issues was to 
teach a fluid-power class, during a fourteen-week semester, 
in the following manner. The class began with ten weeks of 
fluid mechanics, beginning with a basis in conservation of 
energy, mass, and momentum. The course then went on to 
discuss fluid statics, pipe flow, minor losses, pump design, 
and turbine design. The final four weeks were devoted to the 
design problem and used a series of four reports on the de-
sign of critical elements of a hydroelectric plant. The skills 
taught by the hydroelectric plant design are: 

 
1. The first skill that is generally conveyed is that the 

initial design is based on an estimate, a guess as the 
students would put it. 

2. Integration of economics, power concepts, and op-
timization is required. 

3. An optimization is performed to find the trade-off 
condition between capital cost for the penstock ver-

sus head-loss that affects the present worth analy-
sis. 

4. Use of non-dimensional analysis. 
5. Using Excel to determine head-loss in penstocks. 
6. Determination of specific speed, turbine type and 

wheel diameter from the Cordier’s diagram. 
7. Understanding efficiency 
8. Engineering judgment 

 
The outline of this paper begins with a background section 

that explores the nature of manufacturing engineering tech-
nology at Nicholls State University, followed by the educa-
tional outlook of the authors, and the fluid power class used 
for this study. The hydroelectric plant design will then be 
discussed followed by a presentation of a survey and its re-
sults. These results, along with the study, are discussed and 
conclusions made.  
 

Related Research 
 

The manufacturing engineering technology program at 
Nicholls State University Our manufacturing engineering 
technology program is built around a core series of project 
courses that serve as the capstone-manufacturing experience 
requiring implementation of the technical and business man-
agement courses.  The novelty of these project courses is 
that the students from three grade levels (senior, junior, and 
sophomore) participate in the projects.  This approach pro-
vides both horizontal and vertical integration of the de-
sign/manufacturing project, which is not common [1].  Stu-
dents register for the appropriate sophomore-, junior- or se-
nior-level project course, but they all meet together and are 
administered under the same course structure.   
 

The students are divided into several teams with each team 
functioning as a division in a small company [2-4]; each 
team participates in a two-semester-long project.  The tasks 
assigned each class level are designed to be compatible with 
the courses that a typical student should have completed or 
be taking at the sophomore, junior, or senior levels.   Each 
student gets experience at his or her level of education with 
the most intense and demanding load being placed on the 
seniors.  The intent of this project approach was to give the 
students a more realistic engineering experience while they 
are still at the university so they will be better prepared for 
their first real-world experiences.  Additional approaches 
that allow the faculty to meet student-learning needs are also 
being considered. In so doing, the authors have chosen two 
courses in which to explore some of the relevant teaching 
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and learning theories were believed to be particularly appli-
cable to engineering technology curricula.  The theories are 
(1) Piaget’s intellectual development theory, (2) scientific 
learning cycle, and (3) Kolb’s learning and teaching cycle 
[5]. A brief discussion of these theories follows. 
 

Educational Outlook 
 

Piaget’s theory discusses the stages of intellectual devel-
opment from new-born to adult. But this study was only 
concerned with the concrete-operational and formal-
operational stages, and the transition from the former to the 
latter.  The concrete-operational stage addresses the ability 
to do mental operations only with real (concrete) objects, 
events or situations.  The formal-operational stage relates to 
being able to think abstractly; formulate hypotheses without 
relating to real objects, events or situations; testing hypo-
theses and logical alternatives; and generalizing from real 
objects to abstract notions and ideas. At the formal-
operational stage, the student is capable of learning higher 
math and is capable of applying it to the solution of new 
problems. Engineering technology education requires at least 
some ability to operate at the formal-operational level.  Stu-
dents operating at the concrete-operational level learn math 
by memorization and are usually unable to use it to solve 
new or unusual problems and, consequently, will have diffi-
culty with an engineering type of curriculum. 
 

Piaget felt that the transition from concrete operational to 
formal operational was complete by the twelfth year, but 
more recent studies [6], [7] have shown that as much as 60% 
of the adult population appears to still be in the transitional 
stage between the two phases.  That is, they can sometimes 
use formal operational thought, but not always.  Experience 
shows that many of our engineering technology students are 
in the transition between the concrete- and formal-
operational stages of intellectual development.  A critical 
question is “How do we help our students move more to-
ward formal operational intellectual development”?  Piaget 
proposed that the transition is initiated by the introduction of 
new ideas that don’t fit the individual’s current mental struc-
tures, thus creating a disequilibrium that the individual must 
deal with in some way.  The new ideas may be dealt with by 
rejecting them or, if they must be dealt with, they are memo-
rized but not understood—this is often what the concrete-
operational individual does—if they are not too dissimilar, 
they may be accommodated into the existing mental struc-
ture, if they are quite different from the existing mental 
structure they may be transformed to fit the mental structure 
or, ideally, the mental structure is changed and grows to be 
able to assimilate these new ideas.  As the assimilation oc-
curs, the individual’s intellectual development stage be-
comes more formal operational and less concrete operation-
al.  Two well-known learning cycles have been proposed 
that have the potential to create the needed disequilibrium 

and help guide students in assimilating the new ideas.  They 
are the Scientific Learning Cycle and the Kolb Learning 
Cycle.  Each will be discussed briefly. 
 

The Scientific Learning Cycle is a three-stage cycle.  The 
first stage is an exploration or self-discovery phase where 
students explore a new phenomenon with minimal guidance 
and try to learn how it works by using it.  The exploration 
phase could involve computer simulations to explore a 
process or device.  Phase two is called the term-introduction 
or invention phase, or the concept-invention or introduction 
phase where the instructor fills in the parts the students 
missed in the exploration phase.  And, finally, the concept-
application or expansion phase where students apply the new 
ideas, terms, and/or patterns to new examples by homework, 
discussion, laboratory exercises, etc. This learning cycle is 
simple and straightforward in principle, but can take a great 
deal of preparation by the instructor to have a properly de-
signed self-discovery phase. 
 

The Kolb Learning Cycle is similar, but is based on the 
idea of two dichotomies considered to be orthogonal to each 
other.  The first dichotomy addresses how individuals trans-
form experience to knowledge and contrasts Active Experi-
mentation (AE) with Reflective Observation (RO).  The 
second is Abstract Conceptualization (AC) versus Concrete 
Experience (CE) and addresses how individuals grasp or 
take in knowledge.  The two dichotomies are arranged at the 
extremes on orthogonal axes called Processing Information 
(horizontal axis) and Taking in Information (vertical axis), 
as shown in Figure 1. 
  

Complete learning demands that all four stages or steps be 
covered.  And although one may enter the cycle at any point, 
the most common point to enter is at CE where personal 
involvement is required.  For complex information sets the 
cycle may be traversed several times in an upward spiral 
progression.  There may be attempts to short circuit the cycle 
by skipping steps, but this results in incomplete learning.  
Retention of information as a function of the steps com-
pleted is assessed as follows: (1) AC only-20%, (2) AC + 
RO-50%, (3) AC + RO + CE-70%, and AC + RO + CE + 
AE-90%.  An example of a complete and reasonably good 
teaching cycle to match the learning cycle would be lecture 
(RO) followed by requiring that the students think about the 
ideas presented (exactly how to do this might cause ques-
tions) (AE) and then homework (CE) followed by a required 
laboratory experiment. Lecture (RO) followed only by 
homework (AE) is not very good.  In a continuing emphasis 
on team work and communication, both written and oral 
reporting, and most assignments, will require working in 
teams so that student interactions will aid the learning 
process and students will develop the ability to communicate 
and work in teams.  
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Figure 1. Modified Kolb Learning Cycle 

 
It is also desirable to take the students through all stages of 

the learning cycle by carefully chosen lectures, often occur-
ring in a just-in-time manner: discussions, discovery expe-
riences, working in teams, analyzing, synthesizing, building, 
and testing.  This emphasis on systems will allow both ana-
lyses and syntheses. 
 

The full Kolb Learning Cycle was not employed in this 
experience, but most of it was followed and, in fact, the 
scientific learning cycle was approximated very closely. The 
point is that the first author was involuntarily following 
some of the principles discussed above. If we use the Kolb 
Learning Cycle (see Figure 1), he began at the point labeled 
RO. Through lectures, homework and exams, the students 
developed abstract conceptualization, AC. After the fact, the 
laboratory experience brought the students to CE, which 
occurred throughout the semester.  “After the fact” in this 
case means that motivation should precede all new material, 
which will be further developed in the discussion. 

 

The final project brought the students toward AE and 
through to CE. The students did go through the complete 
cycle because several projects were assigned and completed 
with minimal guidance. The remainder of the paper de-
scribes the details of the approach taken in this attempt to 
apply the scientific learning cycle method. 
 

Fluid Power and Fluid Power Laboratory 
 

Fluid Power is essentially a fluid mechanics class with an 
emphasis on hydraulic machines that can do useful work [2], 
[4], [8], [9]. The class was taught as fluid mechanics with an 
emphasis on pumps and turbines. Several weeks were de-
voted to pumps and turbines. 

The final four weeks were devoted to designing critical 
elements of a hydroelectric plant. This project was useful for 
several reasons. It brings home a plethora of fluid mechanics 
concepts that all have to be mastered in order to develop a 
successful design. It integrates engineering economics for a 
successful design. More importantly, it cultivates engineer-
ing judgment.  
 

Problem Statement 
 

The hydroelectric plant design involved four reports. The 
first was an initial economic design based on a capital cost, 
annual benefits from electricity generation, and other costs. 
The second report was the design of a penstock, involving a 
trade-off condition between capital costs and head-loss. 
From this second design, five scenarios were determined: 
25, 30, 35, 40, and 45cm diameter penstocks. The third re-
port was the design of a turbine and determination of its 
cost. The fourth report was a final economic analysis with 
better estimates of the capital costs for the three scenarios. 
 

This section shows the required work delineated into four 
sections. Figure 2 presents a conceptual model of the hy-
droelectric plant. 
 
 
 
 
 
 
 
 
 

 
Figure 2. Diagram of Hydroelectric Plant 

 

This was a four-week project to design critical elements of 
a hydroelectric plant. It should be noted that this design was 
not complete. Each Friday by close of business a 5-page 
report would be due. The requirements of each report are 
given below. 
 

Preliminary Design 
 

1. Determine kWh’s produced 
 

2. Determine annual benefits 
 

3. Given useful life of 12 years and the following cost 
data, is this a viable project at a marginal rate of re-
turn (MARR) of 10%? See Table 1.  

 
 

RO 

CE 

AC 

AE 

Why? 

What? 

What if? 

How? 

Experience 
to Internal 

Developing 
Concepts 

Doing It 

Make New 
Things 

Stream 

Penstock 

Weir, Channel, 
and Settling 
Basin 

Turbine 



 

  

 

 

70                                                INTERNATIONAL JOURNAL OF MODERN ENGINEERING | VOLUME 11, NUMBER 1, FALL/WINTER 2010 

Table 1. Initial Design Information 

Capital Cost $285,000  

Annual O&M 10% of Capital Cost 

Salvage Value 10% of Capital Cost 

N 12 years 

Electricity Sale Value $.06 per k@-hr. 

MARR 10% 

 

Penstock Design 
 
1. Given a length of 610 meters, determine an optimal D 
2. Determine head-loss for penstock (use 5%, 10%, 15% 

and 20%) and determine diameters 
3. Determine cost of penstock given steel is $.25 per 

Newton, which is the cost of the material, emplace-
ment, and supports 

 

Turbine Design 
 
1. Determine NS given Q = .30 m^3/s, Total Head is 91.5 

meters, and N = 600 rpm. Determine H(a) from pens-
tock head-loss and assume 5% head-loss for weir and 
channel. An approximate value can be that the available 
head is 85% of the total head.  

2. Determine appropriate turbine type from Table 3.2 in 
handouts (provided to students) 

3. Determine DS from Cordier diagram 
4. From DS, determine D for the wheel 
5. Determine the blade angle and nozzle diameter 
6. Given head-loss for weir, channel, penstock, and 10% 

for turbine, and 10% for generator and electrical trans-
mission, determine kW’s produced (see Table 2) 

7. Determine turbine cost from handout 
 
Table 2. Efficiencies 

ε(weir) 95% 

ε(channel) 

ε(penstock) To be determined 

ε(turbine) 90% 

ε(electrical) 90% 

 

Final Design 
 

Recalculate the cost analysis for various head-loss cases 
and turbine cost using Table 3. Note that each case was a 
different penstock inner diameter and results in different 
values for Penstock, Turbine, Generator, and Turbine House 
costs. 
 
 
 
 

Table 3. Cost Information 
 Case 1 Case 2 Case 3 Case 4 

Civil 
Works 

$25,000 $25,000 $25,000 $25,000 

Penstock TBD TBD TBD TBD 

Turbine TBD TBD TBD TBD 

Generator,  
Turbine 
House 

Same  
as Turbine 

Same  
as Turbine 

Same  
as Turbine 

Same  
as Turbine 

Misc. Cost $20,00 $20,00 $20,000 $20,000 

 

Methodology for the Design 
 

Initial Design 
 

From Table 4, the students discerned that the project may 
be viable and they proceeded to the next step, which was the 
penstock design. The students had to estimate capital costs 
and efficiency (ε) in order to calculate the benefits derived 
from power generation. This leaves the students uncomfort-
able because essentially this initial design is a guess. This 
guess is a step in the direction of engineering judgment. 
 
Table 4. Initial Design 
Q (cms) = .30 

HT (meters) = 91.5 

Capital = $285,000 

N (years) = 12 

Sale ($/kW-hr) 0.06 

O&M 10% 

Salvage Value  10% 

MARR  10% 

Efficiency (ε) 50% 

 

Power Generation 

Power (kW) = 135 

E/yr (kW-Hr) 1180759 

Benefits 70846 

Annual O&M $28,500  

Salvage Value $28,500  

Present Worth 
(10%) = 

$21,691  
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As can be seen in Table 4, the initial design is a viable op-
tion at a marginal rate of return of 10% with a present value 
of $21,691. It was assumed that the overall efficiency of the 
plant was 50% and would have a useful life of 12 years. 
 

Penstock Design 
 
The penstock design (Table 5) is a difficult element of the 

project because there is a trade-off condition between the 
size of the penstock and the associated capital cost versus 
the head-loss and power efficiency. Having the students deal 
with trade-offs and comparing engineering and economic 
considerations was another important lesson. 
 

As expected, increasing the pipe diameter reduced head-
losses, but also increased capital costs. It was found that the 
optimal diameter to maximize the final economic analysis 
(see Table 7) was .35 meters. 
 
Table 5. Penstock Design 

Diameter 

(m) 0.25 0.3 0.35  0.4 

HL  

(m) 65.9 26 11.9 6.1 

D (Inner) 

(m) 0.25 0.3 0.35 0.4 

D (Outer) 

(m) 0.26 0.32 0.37 0.42 

A  

(m^2) 0.005 0.007 0.01 0.013 

V  

(m^3) 3.07 4.42 6.02 7.86 

Weight  

(N) 236,914 341,157 464,352 606,501 

Cost 

 59,229 85,289 116,088 151,625 

 

Turbine Design 
 

The turbine design is based on the Cordier Diagram, 
which is discussed by Logan [4]. The Cordier Diagram is a 
means of determining the most efficient non-dimensional 
diameter (Ds) for a specific speed (Ns). Given Ds, the ideal 
diameter of the turbine can be determined. Based on Ns, the 
most efficient type of turbine can also be determined where 
Pelton Wheel is (.03-.3), Francis Turbine is (.3-2.0) and 
Kaplan Turbine is (2.0-5.0). The analysis is given in Table 6. 
Figure 3 gives cost data for Pelton Turbines [9]. For brevity, 
information for Ds and appropriate wheel diameters are not 
given in Table 6.  
 
 
 
 

Table 6. Turbine Design 

H (a) "m" 21.03 60.93 75.03 83.53

N (rpm) 600 600 600 600

N 62.83 62.83 62.83 62.83

N(s) 0.63 0.28 0.24 0.22

Type Francis Pelton Pelton Pelton 

Power (kW) 50 145 179 199

Cost 55,140 79,822 97,811 108,656

 

Figure 3. Turbine Cost [5] 

 

Final Design 
 

The final design is given in Table 7 and the present worth 
of each option is shown in Figure 4. In Figure 4, the options 
investigated were a penstock with .25 to .50 meter diame-
ters. It is obvious that .35 meters is the best diameter to max-
imize the present worth.  
 
Table 7. Economics 

Case  0.25 0.3 0.35 0.4 

Weir 5000 5000 5000 5000 

Channel 20000 20000 20000 20000 

Penstock 59229 85289 116088 151625 

Turbine 55140 79822 97811 105211 

Generator 55140 79822 97811 105211 

Etc. 20000 20000 20000 20000 

Capital 

Cost 214508 289933 356710 407047 

e(overall) 19% 54% 66% 72% 

Power 

(kW) 50 145 179 193 

Price 0.06 0.06 0.06 0.06 

Benefits 26372 76419 94105 101380 

PW -174142 42450 52806 19344 

 

y = 535.21x + 2090.6
R² = 0.9946
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Figure 4. Present Worth Analysis 

 

Discussion 
 

Surveys were given before the last four weeks of class and 
during the last week of class.  
 
Questions asked included:  
 

1) What do you like best about this class? 
2) What do you like least about this class?  
3) How well is the teacher doing?  
4) How well are you doing in this class?  
5) How well is your team functioning?  
6) Is the course load just right, too much work, or too lit-

tle work? Where {1,2,3} is too little, {4,5,6,7} just 
right, and {8,9,10} too much. 

7) How well do you feel you know the material? 
8) What is your overall rating of this class? 

 
The results of the survey for questions 3 through 8 (which 

have quantitative values) are given below in Table 8. These 
results will be commented on in the Discussion section. 
 
Table 8. Survey Assessment, where 1 is the worst and 10 is the 

best 
 Q3 Q4 Q5 Q6 Q7 Q8 

Before (n = 7) 
Average 6.9 7.1 7.7 6.9 6.4 6.4 

Standard Devia-
tion 

1.2 1.5 1.9 1.1 1.5 2.0 

After (n = 3) 
Average 8.0 8.7 9.0 6.0 8.3 8.0 
Standard Devia-
tion 

0.0 0.6 0.0 0.0 0.6 0.0 

 
As can be seen from Table 8, the students felt by the end 

of the last four weeks of the semester that the teacher was 
doing better, they were doing better, their team was func-
tioning better, the class had gotten slightly easier and that 
they had a firmer grasp on the material and rated the class 
highly. It is interesting to note that in both the ‘before’ and 
‘after’ surveys, the students indicated that they were doing 

better in the class than the teacher. This may be particular to 
the class or it may be particular to student psychology. 
 

The results of this survey have to be questioned, especially 
given that the ‘after’ survey only included three students in 
the population and these were likely better students. These 
better students would bias the results. Also, are the results of 
the survey statistically significant? 
 

Other observations from this class include: trade-off con-
ditions are the basis to optimization problems and should be 
presented to the students early on, because many of their 
work designs will involve some form of tradeoff; the stu-
dents did not like the quizzes, which was one of the best 
assessment tools; the students tended to enjoy the hydroelec-
tric plant design project, which was open-ended, because it 
allowed them to provide unique solutions. 
 

It needs to be discussed that the hydroelectric design in-
volved some simplifications that should to be addressed. The 
assumed efficiencies for the weir, channel, settling basin, 
turbine and electrical generation need to be explored in an 
actual design; the electrical components of the system were 
ignored, but are very important; cost data was from 1990 and 
an actual design would involve vendor quotes for equipment 
and services; and, the sales cost of electricity generated 
would have to be assessed for the area where the electricity 
was generated. 
 

Further Research 
 

The fluid power course utilized for this work was a course 
with a problem-based learning pedagogy. The hydroelectric 
plant design utilized in this paper is one possible final 
project. Other final projects could be the design of a 
pump/pipe system that includes a cost estimate, other aspects 
of a hydroelectric plant not covered in this work, or a com-
pressor/pipe system design with detail cost estimations. 

 
Future educational research papers could explore how an 

instructor presents an open-ended final project and guides 
the students through the project, while having the student’s 
take ownership of the work. One idea on how this could be 
done is to provide the students with an RFP of work, have 
the student groups propose the work, have the instructor act 
as the party asking for bids and limited to the knowledge that 
party would have, and have a third-party act as a senior en-
gineer to guide the students through the project. 
 

Conclusion 
 

There is some benefit to utilizing an end-of-the-semester, 
open-ended problem that incorporates many seemingly dis-
parate ideas and utilizes a systems approach. The benefits 
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include: allowing the students to discover engineering con-
cepts, which empowers them; synthesis of many ideas; for 
this particular problem, incorporation of economics and ex-
plicitly addressing the trade-off of capital cost versus yearly 
revenues from power generation. 
 

Better assessment tools need to be utilized. A more tho-
rough method of assessing teaching and learning methods is 
being conducted in the upcoming semester. Assessment in-
cludes several surveys throughout the semester (both written 
and oral). The oral surveys will be conducted by a student 
who has taken the class. Utilizing graded homework and 
tests to assess different approaches to learning and teaching 
methods, and a final project to bring it all home. 
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Abstract  
 

The modified Rankine-Hugoniot equations across a stand-
ing normal shockwave were discussed and adapted to obtain 
jump conditions for shockwave structure calculations. 
Coupling the modified Rankine-Hugoniot equations with the 
Burnett equations, the shockwave structure in a weakly io-
nized gas flow was computed and analyzed for a wide range 
of free-stream Mach numbers ranging from 1.75 to 6.0, with 
ionization ratio ranges from 0 to 5 parts per million. Results 
indicated that the modified Rankine-Hugoniot equations for 
shockwave structures in weakly ionized gas are valid for a 
small range of ionization fractions at low free-stream Mach 
numbers. The jump conditions also depend on the value of 
free-stream pressure, temperature and density. The com-
puted shockwave structure with ionization indicated that by 
the introduction of the weakly ionized gas particles in the 
main flow field, shockwave thickness was slightly increased 
and shockwave strength could be reduced. 
  

Introduction 

 
Over the past two decades, scientists [1], [2] have ob-

served that hypersonic shockwaves could be altered by 
weakly ionizing the air flows. Shadowgraph experiments 
conducted at AEDC [3] showed that with a small amount of 
pre-ionization—about one part per million background ioni-
zation fraction—when shockwaves pass through the weakly 
ionized air, a normal Mach 6 shockwave was transformed 
into a Mach-3-like shockwave. The shockwave stand-off 
distance was also increased. Other researches [4], [5] indi-
cated that with small ionization levels, typically at about one 
part in a million by mass, the strength of the bow shock 
ahead of the supersonic projectile such as sphere was re-
duced, the net drag on the sphere was reduced, and the 
shockwave stand-off distance increased. In addition to the 
effect of gross shockwave properties, the shock structure 
was also modified including a weakening shock front and a 
broadening shockwave thickness [5]. The remaining ques-
tion was how the weakly ionized gas could achieve drag 
reduction and how it could alter the shockwave structure. 
 

Shockwaves are regions of gas flow with discontinuities 
or strong gradients in pressure, temperature, density and 
velocity. The strength of the shockwave can be evaluated by 
the pressure ratio, density ratio and temperature ratio across 

the normal shockwave. The analytical and experimental 
study of shockwave structures in a neutral gas provides vital 
information on fluid physics.  Shockwave structure deter-
mines shock strength, shockwave thickness, shock standoff 
distance and heat transfer rate. Figure 1 shows the schematic 
drawing of detailed shockwave structure in a neutral gas.  

 

 
Figure 1. Schematic drawing of shockwave structure in neutral 

gas 

 
An ideal shockwave has a thickness of zero. However, in 

reality, with viscous effects, shockwave thickness is usually 
a few mean-free paths thick. Taking a tangent to the norma-
lized density curve through the shockwave, at the location 
with maximum slope, the non-dimensional shockwave 
thickness (δ/λ1) can be determined as in Figure 1, where λ1 is 
the molecular mean-free path of the free-stream gas. The 
normalized density, ρn , and normalized temperature, Tn , 
inside the shockwave are defined as 
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                     (1) 

 
In equation (1), the sub-index 1 denotes conditions ahead of 
shockwave and 2 denotes those conditions downstream of 
the shockwave. The separation of the non-dimensional den-
sity and temperature profile is called the temperature-density 
shift, ∆, measured at 50% of the non-dimensional density 

profile location.  Shockwave thickness is given as δ.  
 
Mathematically, the Boltzmann equation is the true go-

verning equation for kinetic fluid dynamics for all flow re-
gimes. Unfortunately, due to the complexity of solving the 
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Boltzmann equation directly, the continuum Euler and Navi-
er-Stokes equations were used to solve the fluid dynamics 
problems. The Euler, Navier-Stokes and Burnett equations 
were derived from the Hilbert-Chapman Enskog expansion 
of the Boltzmann equation [6-10]. Based on this expansion, 
the velocity distribution function f was expressed in the se-
ries expansion of Knudsen number as 
 

� � ���� � ��������� � ���� �···, 
� � �����1 � ���� � ����� � ����� �···� 

 
which is the perturbation expansion of the velocity distribu-
tion function about the Maxwellian distribution, where f�0� is 
the Maxwellian distribution function, ai, (i=1,2,3,…) are 
functions of density, molecular velocity, and temperature, 
The Knudsen number, Kn , is defined as the ratio of the mean 
free path of a particle (λ) divided by the characteristic dis-
tance  (L) over which the macroscopic variables change ap-
preciably, �� � �/�. In this expansion, the Knudsen num-
ber, Kn, a small perturbation parameter, must be less than 
1.0. Flow regimes can be defined by the Knudsen number. If 
Kn is much smaller than one, then the Navier-Stokes equa-
tions are valid. If Kn is in the range of 0.01-1.0, the flow is 
typically in the transitional regime [11-13]. In general, the 
convergence of this expansion is asymptotic as the Knudsen 
number goes to zero. Substituting this expansion into the 
Boltzmann equation, taking moments of the Boltzmann equ-
ation yields the continuum equations of fluid mechanics, a 
set of conservation equations describing global conservation 
of density, momentum, and energy. To close this system of 
equations requires constitutive equations, which express 
viscous stress and heat flux in terms of the distribution func-
tion rather than macroscopic gradients. The conventional 
Euler equations are the zeroth-order approximation, the 
Navier-Stokes equations are the first-order approximation 
and the Burnett equations are the second-order approxima-
tion. As the Knudsen number increases, the Navier-Stokes 
equations gradually deteriorate because the transitional non-
equilibrium effect prevails [11], [12]. It is natural to consider 
the Boltzmann equation as the governing equation for the 
transitional flow problems. However, the full Boltzmann 
equation is very difficult to solve because the collision term 
is very complex physically as well as numerically.  
 
 The flow across the shockwave is in a highly transitional 
regime where the Knudsen number is relatively large. Typi-
cally, shockwave thickness is on the order of a few mean-
free path. If the flow characteristic length, L, is 20 times the 
mean-free path, λ, then the Knudsen number will be in the 
range of 0.05. It is necessary to consider the high Knudsen-
number effects when solving flow characteristics through 
shockwave.  It was shown that Burnett equations are higher-
order in accuracy in the transitional regime compared to the 

conventional Navier-Stokes equations, and they provide 
better accuracy in shock-structure prediction [11-13]. The 
numerical procedure [12], [13] to solve the Burnett equa-
tions is explicit.  The Burnett terms and boundary conditions 
were calculated using the Navier-Stokes solution as an initial 
value. The Burnett stress and heat-flux terms were then 
treated as source terms and added to the Navier-Stokes equa-
tions in order to finally solve them and obtain the Burnett 
solution. The Burnett solution is a perturbation solution of 
the Navier-Stokes equations.  
 

In the shockwave-structure prediction analysis, the clas-
sical Rankine-Hugoniot equations [14] were applied to de-
scribe discontinuous conditions across the shockwave. The 
classical Rankine-Hugoniot equations were derived from the 
laws of conservation of mass, momentum and energy for a 
control volume involving a standing normal shockwave. It 
relates the densities and pressures for the perfect gas in front 
of and in back of the normal shockwave.  
 
 In a weakly ionized gas flow, pre-ionized charged par-
ticles existed in addition to the natural particles present in 
the natural gas. The high-temperature electrons may excite 
the vibration modes of molecules, leading to a vibration 
temperature much higher than the neutral gas temperature 
[15]. These charged particles can affect the neutral gas-flow 
characteristics. Shockwaves in weakly ionized gas should 
exhibit different features from shocks in neutral gases. When 
a shockwave is present in the weakly ionized gas, large gra-
dients exist in both charged particles (ions and electrons) and 
neutral gas particles for density. Since electrons move much 
faster than ions or heavy neutral particles, they will diffuse 
much faster than ions or neutral particles. Ions will remain 
near the shock, but electrons will diffuse away from the 
shock. Also, ions and electrons will be separated and form 
an electrical double layer across the shockwave [16]. This 
layer produces an electrostatic body force at the shock di-
rected against the flow as schematically indicated in Figure 
2. As a result, the thickness of the shockwave in weakly io-
nized gas is much wider than the shockwave thickness in 
neutral gas. The pressure jump across the shockwave in 
weakly ionized gas is reduced when compared to the jump in 
neutral gas [16].  
 
 To understand the effects associated with the interaction 
of electromagnetic forces and electrically conducting fluid 
flow requires integration of several disciplines such as fluid 
dynamics, electrostatics, chemical kinetics, and atomic phys-
ics. Extensive experimental data and simulations are essen-
tial for resolving controversial issues. Research attention has 
been focused on the numerical simulation model develop-
ment [15-17]. The development of an accurate and robust 
numerical scheme for weakly ionized gas-flow problems 
faces challenges in the coupling of the Maxwell equations 
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with the Navier-Stokes equations through the interaction of 
electromagnetic fields with the momentum and energy equa-
tions.  
 
 Shockwave-structure research in weakly ionized flow has 
mainly been conducted by solving the coupling of the plas-
ma and fluid dynamics Euler equations. The Euler equations 
were solved for shock structure [16]. A simple model for 
shockwave jump conditions was proposed and the classical 
Rankine-Hugoniot relations across the shockwave were 
modified to include electrostatic force produced by ions and 
electrons. The effect of weakly ionized gas on shockwaves 
was analyzed using an electrostatic body force derived from 
Coulomb’s law across the shockwave. The shockwave 
thickness was approximated by a hypergolic tangent func-
tion. It was assumed that shockwave thickness was about 
one mean-free path if the free-stream Mach number was 
above 5. However, in reality, shockwave thickness is un-
known prior to the calculation, and Euler equations cannot 
provide an accurate shockwave structure even without the 
presence of weakly ionized gas. Shockwave structures can-
not be accurately solved using the technique proposed by 
Seak and Mankowski [16] if shockwave thickness was not 
given.  
 

 
Figure 2. Schematic shockwave structure in weakly ionized gas. 

Electrostatic body force exists 

 
In this study, the shockwave structure in the weakly io-

nized gas flow was studied. The objective of this study was 
to develop a way to numerically investigate the shockwave 
structure in a weakly ionized gas flow by solving Burnett 
equations coupled with modified Rankine-Hugoniot rela-
tions.  
 

Mathematical Model Description 
 

The shockwave structure in weakly ionized gas is com-
puted by solving the Burnett equations with the addition of 

weak ionization effects. It was assumed that the interaction 
of the weakly ionized gas with fluid could be represented by 
an electrostatic force acting against the flow direction. It was 
also assumed that the electrostatic body force could be mod-
ified to predict the jump conditions across the shockwave for 
shockwaves in a weakly ionized gas [16]. Combining the 
modified Rankine-Hugoniot relations with the Burnett equa-
tions, the shockwave structure can be solved in three steps: 
1) apply modified Rankine-Hugoniot relations to compute 
jump conditions (pressure, temperature, velocity and densi-
ty) across a normal shockwave, where the jump conditions 
depend on the ionization fraction; 2) determine the magni-
tude of the electrostatic force acting on the shockwave re-
gion against the flow direction, based on the ionization ratio 
and jump conditions. Since the coupling of the electrostatic 
field with shock discontinuity is relatively weak for a low-
ionization fraction, it was assumed that an averaged electros-
tatic body force within 80 mean free paths in the direction 
against the flow inside the shockwave could be used. And, 
3) modify the Burnett equations with an electrostatic body 
force as a source term in order to predict shockwave struc-
tures in a weakly ionized gas. 
 
One-Dimensional Burnett Equations: 

In conservation form, the one-dimensional Burnett equations 
with body force per unit mass, f, in Cartesian coordinates 
can be written as [13], [18] 
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and where ρ is density, u is the velocity component in the x 
direction, p is the static pressure, σ is the viscous stress com-
ponent, q is the heat flux component, and et is the specific 
total energy. The Burnett stress tensor and the heat flux vec-
tor component are 
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and where k is the thermal conductivity, R is the gas con-
stant, T is temperature, and µ  is kinetic viscosity of the gas. 
The expressions for coefficients for α and γ in equations (8) 
and (9) can be expressed as [13]  
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In this study, Maxwellian gases were assumed to obtain 

these coefficients. The values of ω and θ  in equation (10) 
can be obtained [13] as shown here: 
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Modified Rankine-Hugoniot Equations:  

Across the normal shockwave, the modified Rankine-
Hugoniot equations for a normal shockwave can be written 
as [16] 
 

Continuity:                  
      ��#� � ��#�                           (11) 

Momentum: 
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where f is the averaged electrostatic body force per unit mass 
on shockwave, and FG is the shockwave thickness, or the 
distance required for 99% of jump across the shockwave. 
The negative body force was used because the coulomb 

force on the shockwave due to the ion and electron-space 
charge in and behind the shock was in a direction opposite to 
the flow. The sub-indexes 1 and 2 denote conditions before 
and after the shockwave. The electrostatic body force term 
can be approximated by multiplying the Coulomb force by 
ion density at the inner surface of the shock front [16], 
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where k is the Boltzmann constant, e is the charge of an 
electron, IGJ   is a constant incorporating the size and shape 
of the space charge region, the non-uniformity of the space 
charge distribution and the inverse of distance square effect, 
φ is the ionization fraction, which is the ratio of ion number 
density to the neutral gas number density, and m is the mass 
of the atom. To determine the electrostatic force, it was ne-
cessary to know the shockwave thickness, FG. However, the 
shockwave thickness is unknown prior to the shockwave 
structure solution. The selection of FG becomes critical for 
the solution accuracy of the electrostatic force. In neutral 
gases, shockwave thickness is usually in the range of a few 
molecular mean free paths [13]. In weakly ionized gas, how-
ever, the distance between ions and electrons may be many 
times the shockwave thickness. A complicated full plasma-
dynamics equation has to be solved iteratively to compute 
the electrostatic force. It was shown [16] that under non-
equilibrium conditions, the distance between ions and elec-
trons can be 80 or higher of the mean-free paths. Implicit In 
this study, as the first step in solving shockwave structures in 
weakly ionized gas using this modified Rankine-Hugoniot 
model, the distance between the ions and electron layers 
across the shockwave was assumed to be 80 mean free paths 
of the free-stream gas, and the averaged electrostatic body 
force f in equation (14) can be written as 
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where ��is the mean free path before the shockwave, which 
can be determined as 
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In equation (16), -� is the free-stream gas viscosity and R is 
the gas constant. 
 

Numerical Procedures 
 

The solution technique for the Burnett equations was ac-
complished through the explicit four-stage Runge-Kutta time 
integration in time [13].  The convection terms in governing 
equations (2-4) are discretized using second-order upwind 
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flux differencing with Roe’s nonlinear flux limiter. The first-
order Navier-Stokes viscous terms, the second-order Burnett 
viscous terms and the electrostatic body forces are treated as 
source terms to the discretized equations and are discretized 
by using a central differencing technique. The jump condi-
tions across shockwaves in argon gas with weak ionization, 
such as pressure ratio, temperature ratio and density ratio 
were obtained by solving the modified Rankine-Hugoniot 
equations (11-13). This set of non-linear equations was 
solved using the Newton Raphson’s iteration technique. The 
solution of the modified Rankine-Hugoniot equations pro-
vides boundary conditions to the Burnett equations. 
 

Results and Discussion 
 
Modified Rankine-Hugoniot Equations: 
The jump conditions were obtained across normal shock-
waves by solving the Modified Rankine-Hugoniot equations. 
Note that the jump conditions depend on the free-stream 
pressure, temperature and density. In this study, free-stream 
pressure, temperature and density were selected based on the 
standard air table at 10,000meter altitudes. Argon gas was 
used for the calculation. Table 1 shows the computed pres-
sure ratio, temperature ratio and Mach number after the 
shockwave in weakly ionized argon gas with a free-stream 
Mach number of 6. In these results, weakly ionized effects 
were introduced through the volume-weighted ionization 
fraction, 

V � IGJ
;
M W                                (17) 

 
Notice that when  V � 0, the gas is neutral and no ionization 
effects exist. Results are the same as standard normal shock 
table values.  
 

Table 2 shows the computed results for a shockwave 

Mach number of 3. In both cases, as β increases, the pres-
sure ratio and temperature ratio decrease for a given free-
stream Mach number, M1. As indicated in Table 1, as β in-
creases to 5.0, the Mach number after the shockwave in-
creases to 0.983, which is close to 1.0 for a free-stream 
Mach number of 3. However, as seen in Table 2, the Mach 

number after the shockwave was higher than 1.0 when β was 
larger than 2.25E-06, which was clearly physically impossi-
ble. 
 

Normal shockwave theory requires that an incoming free-
stream Mach number has to be bigger than 1.0 and a Mach 
number after a shockwave should be less than 1, in order not 
to violate the second law of thermodynamics. These results 
indicated that the simplified Modified Rankine-Hugoniot 
equations would only be valid for a small value of ionization 
fraction for moderate free-stream Mach numbers (around 
3.0-5.0). 

Table 1. Computed jump conditions in weakly ionized argon 

gas (free-stream Mach number M1= 6) 

ββββ x 106 P2/P1 T2/T1 M2 

0.00 44.750 12.120 0.467 

0.25 44.401 12.082 0.470 

0.50 43.657 12.000 0.476 

0.75 42.641 11.885 0.485 

1.00 41.422 11.744 0.496 

1.25 40.048 11.580 0.510 

1.50 38.560 11.395 0.525 

1.75 36.993 11.193 0.543 

2.00 35.372 10.975 0.562 

2.25 33.720 10.742 0.583 

2.75 30.393 10.238 0.632 

3.00 28.743 9.968 0.659 

3.25 27.113 9.689 0.689 

3.50 25.511 9.399 0.721 

3.75 23.940 9.099 0.756 

4.00 22.404 8.790 0.794 

4.25 20.904 8.471 0.835 

4.50 19.440 8.142 0.881 

4.75 18.011 7.803 0.931 

5.00 16.616 7.452 0.986 

 
Table 3 shows the pressure, temperature and Mach num-

ber after shockwave for free-stream Mach numbers between 
1.75 and 6.0, for ionization fractions of 0.75 parts per mil-
lion. Figure 3 shows the complete set of computed pressure 
and temperature ratios across shockwave-versus-ionization 
fractions at free-stream Mach numbers between 1.75 and 
6.0. Notice that when the free-stream Mach number was 
below 1.75, the modified Rankine-Hugoniot equations failed 
to accurately predict jump conditions across the shockwave 
if the ionization ratio was larger than 0.75E-06. This result 
shows another accuracy problem associated with the mod-
ified- Rankine-Hugoniot equations. 
 
Table 2. Computed jump conditions shockwave in weakly io-

nized argon gas (shockwave free-stream Mach number is 3) 

ββββ x 106 P2/P1 T2/T1 M2 

0.00 11.000 3.667 0.522 

0.25 10.737 3.631 0.532 

0.50 10.197 3.555 0.555 

0.75 9.499 3.451 0.587 

1.00 8.712 3.324 0.628 

1.25 7.881 3.178 0.679 

1.50 7.039 3.015 0.740 

1.75 6.200 2.835 0.815 

2.00 5.373 2.637 0.907 

2.25 4.552 2.415 1.024 

2.50 3.708 2.156 1.188 
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Table 3. Computed jump conditions shockwave in weakly io-

nized argon gas at different Mach numbers, ββββ=0.75E-06 

M1 P2/P1 T2/T1 M2 

6.0 42.641 11.885 0.485 

5.0 29.012 8.449 0.501 

4.5 23.158 6.966 0.513 

4.0 17.950 5.639 0.529 

3.5 13.395 4.467 0.552 

3.0 9.499 3.451 0.587 

2.5 6.266 2.588 0.642 

2.0 3.682 1.868 0.742 

1.75 2.607 1.550 0.836 

 

 

 
Figure 3. Computed pressure and temperature ratios across 

normal shock for free-stream Mach numbers (M=1.75-6.0) and 

ionization ratio ββββ 

 
Shockwave structure computation:  
The normal shockwave was initially placed in the middle of 
the computational domain. Over time, the shockwave struc-
ture changed. The steady state solution was captured when 
the four-step Range-Kutta time integration converged. Up-
stream flow conditions were fixed during the calculation. 
The downstream pressure condition was fixed and was de-

termined by the solution of the modified Rankine-Hugoniot 
equations for a given ionization fraction. Other downstream 
parameters were updated at the downstream exit. The com-
putational domain was 100 times the free-stream molecular 
mean free path. An averaged electrostatic body force was 
acting upon this domain for simplicity, as indicated in equa-
tion (15). All computations were performed for argon gas. 
The calculated free-stream Mach numbers ranged from 1.75 
to 6.0. Upstream pressure and temperature were chosen from 
standard air tables at 10,000meter altitudes. Figure 4 shows 
the normalized temperature and density profile extracted 
from the shockwave structure solutions using equation (1) 
inside the shockwave. The free-stream Mach number for this 
calculation was 5, and the ionization factor, β, was 0.75 parts 
per million. Physically, the temperature-density shift area 
was related to entropy change across the normal shock. The 
horizontal axis was plotted using a non-dimensional scale 
with reference to free-stream mean-free path.  
 

 
Figure 4. Non-dimensional temperature-density profile for 

M1=5.0. argon gas, ionization fraction is 0.75 parts per million 

 
Figure 5 compares the temperature-density shift between 

ionized argon and neutral argon gas. The ”with ionization” 
curve represents the solution with ionization of 0.75 parts 
per million, while the ”without ionization” curve represents 
the neutral argon gas. A small difference was found at the 
mid-point of the normalized density profile, where �� � 0.5. 
This indicated that weak ionization does not significantly 
change the increase in entropy across the shockwave. The 
entropy change is primarily caused by viscous effects. Fig-
ure 6 shows the comparison of the reciprocal shockwave 
thickness for free-steam Mach numbers between 1.75 and 
6.0, between ionized and neutral argon. The solutions were 
obtained by solving the Burnett equations with and without 
weak ionization effects. “BUR” represents solution of the 
Burnett equations without ionization; “ION” represents the 
solution of Burnett equations with ionization effects.  The 
ionization fraction, β, was 0.75 parts per million for all cas-



 

 

 

 

80                                                INTERNATIONAL JOURNAL OF MODERN ENGINEERING | VOLUME 11, NUMBER 1, FALL/WINTER 2010 

es. The reciprocal shockwave thickness (λ1/δs) was meas-
ured from the computed, normalized density profile, as in 
Figure 4, for Mach 5 and for each Mach number using the 
normalized density profile in equation (1) and as described 
in Figure 4.  
 

 
Figure 5. Comparison of the normalized temperature-density 

shift between weakly ionized gas and neutral gas. Free-stream 

Mach number is 5, ionization fraction is 0.75 parts per million 

 

 
Figure 6. Comparison of reciprocal shockwave thickness (λλλλ1/δδδδs) 

between ionized argon and neutral argon gas. The ionization 

fraction is 0.75 parts per million 

 

As indicated in Figure 6, λ1/δs decreases with the exis-
tence of weakly ionized gas and, in turn, the shockwave 

thickness, δs, increases with the existence of weakly ionized 
gas. This demonstrated that the solution of Burnett equation 
coupling with the modified Rankine-Hugoniot equations can 
provide a quick and simplified estimate for the reduction of 
the shockwave strength due to weak gas ionization. This 
weak ionization shockwave strength reduction was achieved 
when the ionization ratio, β, was the typical 0.75 parts per 
million. For low free-stream Mach numbers with high ioni-

zation effects, as indicated in Figure 3, the solution of the 
modified Rankine-Hogoniot equations (11-14) fail to pro-
vide valid jump conditions across shockwaves.  Extensive 
numerical analysis and experimental validation is needed in 
order to fully understand the validity and the limitation of 
the modified Rankine-Hugoniot equations. 
 

Results and Discussion 
 
 The modified Rankine-Hugoniot equations across a stand-
ing normal shockwave were discussed and adapted to obtain 
jump conditions for shockwave structure calculations. 
Coupling an electrostatic body force to the Burnett equa-
tions, the weakly ionized shockwave structure was solved 
for a wide range of free-stream Mach numbers between 1.75 
and 6.0 with modest ionization ratios. Results indicated that 
the modified Rankine-Hugoniot equations for shockwaves 
were valid for a small range of ionization fractions. This 
model failed to accurately predict valid jump conditions for 
free-stream Mach numbers below 1.75 and ionization ratios 
above 0.75E-06. As free-stream Mach numbers increase, the 
modified Rankine-Hugoniot equations can provide valid 
jump conditions across a normal shockwave for gas with 
slightly higher ionization ratios. The computed results of 
shockwave structure with ionization indicated that shock-
wave strength may be reduced by the existence of weakly 
ionized gas. However, further numerical simulation and ex-
perimental validation using the modified Rankine-Hugoniot 
equations is needed. Further studies are also needed to ana-
lyze the effects of weakly ionized flow electrostatic force on 
the change of the specific heat ratio. 
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Abstract  
 
 In this paper, the authors introduce an interactive visuali-
zation and analysis system for Drive Test Data (DTD) eval-
uation designed to provide first-hand mobile-phone perfor-
mance assessment for different parties—including phone 
manufacturers and network providers—to review phone and 
network performance such as service coverage and voice 
quality. The authors propose an integrated data-visualization 
system, iVESTA (interactive Visualization and Evaluation 
System for drive Test dAta) for mobile phone drive-test da-
ta. The objective was to project high-dimensional DTD data 
onto well-organized web pages, such that users can visually 
study phone performance with respect to different factors. 
iVESTA employs a web-based architecture, which enables 
users to upload DTD and immediately visualize the test re-
sults and observe phone and network performance with re-
spect to factors such as dropped call rate, signal quality, ve-
hicle speed, handover and network delays. iVESTA provides 
a practical test environment for phone manufacturers and 
network service  providers to perform comprehensive studies 
on their products from the real-world DTD.  
 

Introduction 
 
 Drive Test Data (DTD) evaluation [1]-[5] refers to the 
process of evaluating mobile phone or network performance 
by using the data collected from the moving vehicles driving 
through a prearranged area with a radius of roughly 10 
miles. Because DTD evaluation can provide first-hand, real-
world assessments, it plays an important role for both mobile 
phone manufacturers and network service providers to verify 
the performance of their products. For example, phone man-
ufacturers can use DTD evaluation to compare a newly-built 
phone with a baseline phone such that the overall perfor-
mance of the new phone can be evaluated. On the other 
hand, for network service providers, DTD evaluation can 
also be used to validate the signal coverage and frequency 
planning. In order to provide a reliable DTD evaluation that 
reveals the actual phone/network performance, the test has to 
be performed multiple times under complex conditions in 
order to increase the accuracy of the test results [1], [6].  
 

Depending on the DTD evaluation objectives and the par-
ties actually carrying out the test, DTD data collected from 
the field vary significantly. For example, DTD data collected 
from the phone manufacturers usually have phone perfor-
mance details but lack network-side information such as the 
status of the Mobile Switch Center or Base Stations. Due to 

privacy and security issues, and the fact that mobile-phone 
manufacturers and network service providers may have es-
tablished DTD standards, they usually do not share data with 
each other, which unavoidably produces a low-data integrity 
challenge for DTD evaluation. Low integrity means that 
although DTD data collected from the field can tell what 
happened, the data may not provide sufficient information to 
answer a question like why it happened, due to the limita-
tions of the data-collection devices and the availability of 
network/phone status information. In summary, then, out-
lined here are several challenges for DTD evaluation and 
arguments for a DTD evaluation system that can effectively 
resolve all these challenges and provide a clear picture for 
users to answer these two questions: what happened and why 
did it happen? 
 

• Establishing proper methods for evaluating a low-
quality and low-integrity DTD evaluation. A DTD eval-
uation system must be able to decouple numerous fac-
tors such as terrain types, interference from surrounding 
vehicles or buildings, network variation, and phone per-
formance.  

 
• Deriving reliable comparisons based on a small number 

of significant events in DTD. Although a DTD database 
usually has a large volume of test data, the number of 
significant events, such as dropped calls, is actually very 
small, which makes it difficult to perform reliable statis-
tical analyses.   

 
• Visualizing a large number of events on the screen. 

Mapping DTD to a visual map can provide clear inter-
pretation for the data, but DTDs usually have a large vo-
lume of data and events. For web-based user interfaces 
on which iVESTA is currently based, drawing and han-
dling a large volume of data and providing immediate 
results is a challenge. 

 
• Providing comprehensive summarized reports for DTD 

evaluation. DTDs usually involve a large amount of test 
data in which the majority of the recorded events are 
trivial. Consequently, it is required to provide users with 
comprehensive, summarized reports along with visua-
lized presentations, such that users (possibly project 
managers) can gain a high-level understanding of the 
phone performance.  

 
In order to resolve the above challenges, the authors pro-

pose a web-based visualization system, iVESTA, which is 
able to evaluate a large volume of mobile-phone DTD data 



  

                        

 

 

INTERACTIVE DATA VISUALIZATION AND ANALYSIS FOR MOBILE-PHONE PERFORMANCE EVALUATION                                           83 

and immediately provide summaries for the users. iVESTA 
can carry out baseline comparisons and build standardized 
evaluation methods from DTD, so it can help phone manu-
facturers and network service providers to analyze the col-
lected data. For example, the differences between the test 
phone and the baseline phone can be easily evaluated when 
the data are displayed on a map with signal strength, signal 
quality, distance between a mobile phone and a base station, 
different operations on a mobile phone, or network traffic at 
different times.  

 
The web-based visualization architecture ensures that 

iVESTA can rely on a centralized DTD database and pro-
vide a variety of data analyses, summarization, and visuali-
zation functionalities. More specifically, the inherent merit 
of iVESTA is two-fold: (1) It provides full-scale evaluation 
of DTD data and is able to create baseline comparisons in 
call performance and RF performance; and (2) It is a dynam-
ic visualization system, where users can easily review all 
existing reports, generate a new report from the log files of a 
specific product, and provide interactive charts and tools.  

 
 
 
 
 
 
 
 
 
 
 
 

 

 
 
Consequently, iVESTA provides extensive functionalities 
for phone manufactures and network providers to understand 
the correlation of the cause and effect on mobile perfor-
mance during the drive test [10]. General influence factors 
of the DTD data are summarized in Table 1. The rest of the 
paper outlines the iDEN background to help interested read-
ers understand the drive-test process; introduces iVESTA 
system architecture; provides a detailed introduction to sys-
tem functionalities, with a focus on summarization tools; 
and, highlights the dynamic visualization components of 
iVESTA. 
 

Background 
 

A. iDEN Characteristics 
 
 iDEN [10] is a digital radio system providing integrated 
voice and data services to end users. The iDEN system, in 

which the DTD from this study were collected, uses QPSK, 
16QAM, and 64QAM digital modulation, AMBE+2 (Ad-
vanced Multi-Band Excitation), and VSELP (Vector Sum 
Excited Linear Predictor) speech-coding techniques coupled 
with TDMA (Time Division Multiple Access) channel-
access methodology to enhance channel capacity and system 
services. It is also important to evaluate QAM modulation 
performance versus RF measurements (RSSI: Radio Signal 
Strength Indicator and SQE: Signal Quality Estimation).  

RSSI in dBm is measured according to Eq. (1), where P1 is 
the received signal strength and P0 is the unit signal strength 
(1mW). 

)/log(10 01 PPP =                                              (1) 

 
RSSI consists of three major components defined by Equa-
tion (2). 

RSSI = C (Desired signal strength) + I (Inference strength) + 
N (Noise strength).    (2) 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
The calculation of SQE (Signal Quality Estimation) is thus 
given by Equation (3).   
 

)/( NICSQE +=     (3) 

 
In iDEN systems, radio channel bandwidth assigned to 

800Mhz and 900MHz is 25kHz, and a single in-
bound/outbound frequency pair is simultaneously shared 
among six users (i.e., 6 mobile radios) for dispatch voice 
quality and shared among 3 mobile radios for voice quality. 
Each time slot length is 15 milliseconds, so the communica-
tion structures of the iDEN system affect call performance 
during the test and require a DTD evaluation system to sepa-
rate data into different call modes.  

 
Figure 1 provides a high-level overview of the iDEN sys-

tem, where DAP (Dispatch Application Processor) is re-
sponsible for the overall coordination and control of dispatch 
communications. An iDEN network can connect to the 

Table 1. Summarized influence factors of DTD: this table shows the complexity of DTD evaluation, where the mobile 

phone or network performance crucially depends on multi-dimensional features 

 Influence factors of DTD 
Network 

- Congestion 
- Coverage 
- Handoff     
   Delay 
- Interference 
- Color code    
configuration 

Software 

- Stability 
- System Fault 
- Mobility    
  Management 
- Vocoder 
 
 

Environment 

- Terrain type 
- Natural Barriers 
- Artificial Barriers 
- Near Interference 
- Multi path 
- Weather 

Hardware 

- Stability 
- Hardware Fault 
- Heat Dissipation  
- Antenna Setting 
- Antenna Pattern 
- RX/TX   
   Performance 

Operator 

- Contacting 
- Blocking 
- Voice Quality 
   

 

Test 

- Car Type  
- Drive Route 
- Drive Direct 
- Antenna 

Extension    
- Speed 
 

 
 

 

 

 



 

 

 

 

84                                                INTERNATIONAL JOURNAL OF MODERN ENGINEERING | VOLUME 11, NUMBER 1, FALL/WINTER 2010 

PSTN through a Mobile Switching Center (MSC). The Me-
tro Packet Switch (MPS) provides one-to-many switching 
between the Enhanced Base Transceiver System (EBTS) and 
the Dispatch Applications Processor (DAP) for dispatch 
voice and control, so it offers users the abililty to make the 
Selective Dynamic Group Call (SDGC). Message Mail Ser-
vice (MMS) encompasses all of the software and hardware 
required to store and deliver alphanumeric text messages, 
and the InterWorking Function (IWF) is used to manage 
intersystem roaming. The Base Site Controller (BSC) is the 
controlling element between the EBTS cell sites and the 
MSC that processes each type of transmission. The EBTS is 
the cell site that links the mobile and portable subscribers to 
the fixed network equipment. It is the controlling element 
for phone and data services. The EBTS makes it possible for 
subscribers to access any of the four services available in an 
iDEN network: telephone, dispatch, text messaging, and 
data.  

 
With these dual systems, the iDEN system can be ex-

plained as a complex system, which can easily generate net-
work delays if there is no rapid response from either the 
MSC or DAP system. 

 

B. Radio Propagation Characteristics 
 

Mobile communication is based on the propagation of the 
electromagnetic wave signals through the air, which follows 
the general laws of physics: the further the distance between 
the receiver and the sender, the less is the signal strength.  

B.1 Signal Strength vs. Distance between the Mobile Station 
and the Base Station 

In an open area, the power, Po, received at a mobile-
station (MS) antenna sent from a base-station (BS) antenna 
is given by Equation (4) [9], where Po is the received power 
at the receiver, Pt is the transmitted power from the sender, λ 
is the wavelength, d is the distance between the sender and 
the receiver, gb is the power gain of the BS antenna, and gm 
is the power gain of the MS antenna. 

mbt ggdPP )4/( 2

0 πλ=                                       (4) 

B.2 Elevated Antennas  

In order to increase the mobile-station coverage area, most 
BS antennas are placed on the top of a cell tower—about 
200 feet on average. Denoting hb and hm the elevated height 
of the base station and mobile station, respectively, the sig-
nal strength reached at the receiver is given by Equation (5) 
[9]: 

2

0 )/( dhhggPP mbmbr = , d>> hb and hm                   (5) 
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Figure 1. iDEN network system diagram 

 

B.3 Other Factors 

There are many other physical factors which have a de-
trimental impact on mobile communications. For instance, 
fading frequency is dependent on the receiver’s moving 
speed, the reflection of the smooth objects can cause signal 
phase shift, diffraction can describe the modification of 
propagating waves when obstructed, and shadowing appears 
when obstacles occur in the path between the receiver and 
transmitter. Although DTD evaluation is assumed to consid-
er all of these factors, in practice, the impacts of these facts 
are reduced through a pair of simultaneous tests: a test phone 
and a baseline phone are simultaneously tested in the field. 
Consequently, the DTD evaluation can provide evidence to 
indicate whether the abnormal RF signals for one particular 
phone are due to environmental issues, network issues, or 
phone issues. 

 

C. Terrain Profile 
 

 For comprehensive evaluation purposes, the drive-test 
ground should cover different types of terrains. The test 
ground of iVESTA is shown in Figure 2, which covers a 
region 10 miles in diameter and includes four terrain types 
according to Okumura’s morphology categorization [3]. 
 

• Open area:  an area without any major obstacles – 
farmland. 

 

• Suburban area: an area with houses, trees and low-
density housing - town or small city. 

 

• Urban area: an area with at least a two-story building - 
a big city.  

 

• Mixed area: an area with one suburban side and one 
urban side. 
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Figure 2. The four types of terrains of our drive test ground in 

Washington D.C (about 10 miles in diameter). Mapping tool 

using Google map plots RSSI data on a route in different color 

keys of RSSI whose table shows at the right side of the figure. 

The drive test area is defined into 4 different terrains: Open 

area in green, Suburban in red, Urban in yellow, and Mixed 

area in blue 

 

D. Phone Mode Characteristics 
 

Like many other mobile phones, iDEN phones are de-
signed to save power, while not in use. This design generates 
different operation patterns for phones to listen to the BS 
and update its information. 

 
D.1 Idle Mode 
 

In the idle mode, a mobile phone will perform cell selec-
tion and reselection procedures. After a mobile phone is po-
wered up, it performs an acquisition procedure to register to 
the network through a nearby base station and then listens to 
the paging messages broadcasted from the base station. A 
mobile phone in the idle mode will update its locations to the 
BS if necessary. Because of this, the RF measurements from 
scanning the neighbor cells are less accurate than the mea-
surements of the in-call mode. 

 

D.2 Interconnect Call vs. Dispatch Call Modes 
 

An iDEN call mode can be separated into two types: in-
terconnect call and dispatch. For an interconnect call, two 
channels—one for inbound and the other for outbound—are 
assigned for the call. When a call is initiated in a moving 
vehicle, the phone can assist the network in determining 
when a handover to another cell is expected. The mobile 
continuously monitors outbound signals from neighboring 
cells and measures the received power and signal quality of 
the signals. When the mobile determines that the neighbor 
measurement is higher than the measurement from the net-
work in its currently assigned cell, it transmits a handover 
request to the network.  

Unlike interconnect calls, which use two channels, a dis-
patch call uses only a single channel. The dispatch call re-
quires the message senders and receivers to take turns send-
ing their messages, i.e., the sender presses a button while 
talking and then releases the button after finishing the con-
versation after which the listener will press a button to make 
a response. In this way, the system knows the exact direction 
of the signal transmission. 
 

iVESTA System Architecture 
 

As shown in Figure 3, iVESTA mainly consists of the fol-

lowing ten components: drive-test log files; automatic com-

pressor/uploader; automatic data processor; manual logs for 

voice defect; an integrated database; a query-driven fil-

ter/modeling; text-based summary and interactive chart; ana-

lytical mapping tools; data charts; and, replay tool.  

 
Figure 3. The main components of the iVESTA system 

 
The structure of a log file is unique because a DTD evalua-
tion is generated through a Radio Application Layer Proto-
col (RALP) device attached to the mobile phone and a com-
puter inside a drive-test vehicle, as shown in Figure 4. In 
addition, iVESTA is also designed to accommodate voice 
quality reports, which record the voice quality of extended 
conversations. 
 
 To generate drive-test data, it is necessary to have a team 
of three people in order to operate the mobile phone, vehicle, 
and the base counterpart of the mobile phone. For a baseline 
comparison test, it is required to have a pair of two teams. 
Each log file mostly contains 8 hours of drive-test data, 
about 40 Mbytes. The cost of a drive test is expensive and 
the quality is poor, when compared to the in-lab simulation 
results. For a new product, it is required to test for several 
days. Therefore, web-based visualization systems play an 
important role in generating rapid, relevant comparison 
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Fig. 4. The mobile drive test environment 

 
summaries to evaluate and analyze the root cause of the de-

fects. For the drive-test data iVESTA is dealing with, since 

the objective is to evaluate the new mobile phone, the base-

line phone is sometimes tested with an extra antenna in order 

to receive a strong signal taking into consideration the ve-

hicle penetration loss [7]. 

 

 
Analysis Processes Visual Aids 

Analysis on cause & effect 

Evaluating performances 

Modeling criteria 

Sequential logs to logical data 

Summary Report 

Visualization Tools 

Interactive Charts 

Figure 5. The Architecture of iVESTA 

 

While the iVESTA system is intended to offer full support 
for the DTD evaluation, without cell site information and a 
channel plan from the network service providers, it is diffi-
cult to make unbiased comparisons and conclude the 
phone’s performance. To overcome this low-data integrity 
hurdle, iVESTA employs a set of visual aids to bridge the 
gap between different levels of data understanding. As 
shown in Figure 5, the right side of the picture shows four 
layers of data analysis: (1) converting sequential logs into 
logical data; (2) modeling criteria; (3) performance evaluat-
ing; and (4) cause-and-effect analysis. In order to bridge the 
gap between two consecutive data analysis layers, a set of 
visual aids are employed to help users understand the data 
and characterize the phone’s performance, such that the low-
data integrity challenge can be resolved in practice.  

 

A. DTD Format 
 

RALP logs are sequential messages between a Mobile 
Station (MS) and the Enhanced Base Transceiver System 
(EBTS), beginning with PC time stamp and a tick count to 

establish ordering of additional messages within a millise-
cond, followed by an information log specifying the phone 
and conversation status. Figure 6 demonstrates the basic 
elements of a DTD record. Because all records and data 
fields are well-defined, an automatic data processor can be 
employed to read each single record and pull corresponding 
data into the database. 

 

 
Figure 6. An example of a DTD log 

 

B. Log Files Uploading 
 
    After DTD logs are collected by a drive test team, the files 
are uploaded through a web-based uploading tool as shown 
in Figure 7, which consists of three major parts: (1) a user 
information section, (2) an uploading section for DTD logs 
of one particular product, and (3) the uploading section for 
DTD logs of the baseline product. Log files are guided with 
proper naming conventions procedure for avoiding dupli-
cates. In addition, all log files are automatically compressed 
on the local machines and sent to the server through the 
HTTP protocol.  
 

The uploading process triggers iVESTA’s automatic data 
processor to read log files and populates data into the main 
database (powered by MySQL), which consist of seven 
tables: NMS, Calls, Mobility, Events, LAPidata, Site, and 
Drivetest. The uploaded information, such as transaction ID 
and the uploader’s information, is stored into the upload 
table. The drive-test table is a look-up table to synchronize 
the relationships between database tables and the log files. 
 
 The Normal Mode Summary (NMS) table contains the 
main DTD, such as geographical information and speed for 
vehicle and cell tower, PC timestamp, server color code, 
RSSI, SQE and measurement, the first neighbor’s RSSI, 
SQE and measurement, the second neighbor’s RSSI, SQE 
 Web server 

DB server 

Mail server 

Upload log files 

Report 

Figure 7. The upload process for log files 
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Figure 8. The data process diagram of iVESTA log file uploading

 

 
and measurement, and so on. The calls table is populated 
with call information such as call type, total call length and 
so on. The mobility table has mobility information such as 
the cause of handover decision, oldSitePCCH, newSi-
tePCCH, and so on.  All of the sequential event messages 
between MS and BS are found in the events table. Packet 
data information is stored in the LAPidata table. The site 
table places cell information such as GPS information of 
cell, server color code, and so on.  

 
Following the data conversion, a summary process will 

create a set of charts, which may be used to help users gen-
erate a series of reports. Upon finishing the file uploading, 
the mail server will notify the drive-test team and their 
clients through an email message. A detailed diagram of the 
data process for uploading log files is shown in Figure 8. 
The uploading process starts from 1 at which point a user 
submits the log files, which consequently triggers 
processing, and  2 returning uploading confirmation and 
summary to the user. In step 3,  the system decompresses 
the uploaded files, followed by step 4, which automatically 
process the log data and pulls useful information into the 
main database. In step5, the system creates a set of sum-
mary tables from the input data. Finally, then, in step 6, the 
system sends an email confirmation to the submitter and the 
system administrator to acknowledge the success of upload-
ing the test data. 

 

C. Summary Reports 
 

The objective of the summary reports for the DTD evalua-
tion is to provide users the statistical overview of a drive-test 

 
 

report: the informative summaries of events, the total calls in 
different modes, the average signal conditions on a route, 
and so on. The summary reports provided by iVESTA con-
tain 8 main performance evaluations, which are 22 text-
based summary tables, as shown in Figure 9. Users can 
access all of these tables by navigating the system submenus 
(the left panel in Figure 5.) 
 
 

DTD 

Data Process 

General call summary 

General summary 

Universal summary 

Call performance 
Interconnect call summary 

Dispatch call summary 

Call termination summary 

Mobility performance 

Handover summary 

Rescan summary 

Normal mode summary 

Idle mode summary 

Dispatch mode summary 

Signal condition summary 

Sites summary 
RF performance 

Packet data summary Packet data performance 

Phone performance Reset summary 

Software alarm summary 

User note summary 

Failure / FNE denied summaries 

Network performance 

Defect performance 

Destination IP summary 

Time on channel summary 

Layer 1 summary 

Test performance 

iStats report 

 
 

Figure 9.  iVESTA performance summary diagram 
 
In short, the summary tables cover two important compo-
nents: (1) the baseline comparison form and (2) the statistic-
al calculation based on the selected comparison attributes 



 

 

 

 

88                                                INTERNATIONAL JOURNAL OF MODERN ENGINEERING | VOLUME 11, NUMBER 1, FALL/WINTER 2010 

such as the total number of dropped calls between the test 
and the baseline phones. From the phone manufacturers’ 
perspective, the most interesting parameters are listed as 
follows: 

 

• Connected call percentage: number of calls connected to 
TCH (traffic channel) over number attempted.  

• Good call percentage: number of calls ended properly 
over number of calls connected to TCH. 

• Number of rapid handovers: two handover attempts 
within 10 seconds.  

• Number of delayed handovers: MR sent but no handov-
er command received within 5 seconds of the first MR 
sent. 

• Number of Ping-Pong handovers: two handover at-
tempts, where the radio goes from cell site A to cell site 
B and back to cell site A.  

 
To provide statistical comparison analyses, iVESTA em-

ploys a two-proportion Z test with a default null hypothesis 
(p-value> 0.05) in all summary tables. The diagram of a 
two-proportion Z test is shown in Figure 10, and Figure 11 
pictorially shows a summary table with statistical test re-
sults.  

 
 

DTD 

Process DTD 

Build summary tables 

P < 0.05 ? 

P < 0.01 ? 

No statistical diff. Statistical diff. 

Significant  
Statistical diff. 

Report: Highlighting 

Convert units 

Yes No 

Yes 

 
 

Figure 10. The diagram of a two-proportion Z test of the sum-

mary tables 
 

D. Interactive Charts 
 

Evaluating RF measurements of a DTD evaluation is the 
most important assessment in iVESTA because about 40% 
of abnormal events, such as dropped calls, occur in poor-
signal conditions (less than -100dBm). iVESTA provides 
regional comparisons of RF measurements in different call 
modes since signal condition strongly relies on the distance 
and terrain type between MS and BS. In addition, interactive 

charts also provide spontaneous responses corresponding to 
a mouse position on a chart, which is shown in Figure 12. 

 
iVESTA provides eight groups of 40 user-interactive 

charts and is able to let a user visually evaluate the phone 
performance with respect to different parameter settings. For 
example, the SQE (Signal Quality Estimation) charts are 
drawn into CDF (cumulative distribution function) and PDF 
(probability density function) forms and separated by five 

 

 

 

Figure 11. An example of a text summary table with a statistic-

al information panel 



  

                        

 

 

INTERACTIVE DATA VISUALIZATION AND ANALYSIS FOR MOBILE-PHONE PERFORMANCE EVALUATION                                           89 

 

Figure 12. Interactive chart interface: all interactive charts can be navigated by selecting the menu on the left side of the figure. 

The lower curve graph in blue represents SQE CDF of a product under test, and the upper graph in red represents SQE CDF of a 

baseline product. The x-axis indicates SQE in the range from -10dB to 40 dB, and the y-axis represents the cumulative percentage 

in the range from 0 to 100. 
 
different phone modes: all, in-call, dispatch, idle, and inter-
connect call. The interactive charts generally describe the 
differences between signal conditions and then evaluate the 
performance of the test phone with respect to the baseline 
phone with a particular signal condition. More specifically, 
if the SQE graph of a test phone is lower than a baseline 
phone in CDF, it means that the test phone has received a 
higher signal quality than the baseline phone. 
 

E. Voice and Packet Data Evaluation Report 
 

 In addition to the evaluation at the event level, 
iVESTA can also provide voice and packet data evalua-
tion reports. Consequently, the users can understand the 
phone performance with respect to the voice and the da-
ta transmission qualities. 

 

During a drive test, the voice communications over mo-
bile phones are recorded by the drive test team. To find a 
correlation between voice defects (unrecognized voice con-
versation), phone events and RF measurements, a manual 
process is required to compare the recorded conversation 
during the drive test and then store the labeled information 
in the defect database, as shown in Figure 13. The voice 
defect report is evaluated through the comparison between 

the test phone and the baseline phone. An example of the 
voice defect chart is shown in Figure 14. 
 
 Since a call communication between two users is based on 
the audio, voice quality is a very important factor that should 
be properly evaluated. Currently, iVESTA can evaluate the 
following types of defects: busy, choppy audio, clicks and 
clunks, customer unavailable, dropped call, echo, extended-
muting, fading, FNE denied, freeze, garble, helicopter, iDen 
freeze, mute, no audio, no connect, NT, one way audio, oth-
er, and out-of-service and special codes for defects. A sam-
ple of the voice defect chat is shown in Figure 14, where the 
x-axis indicates the type of defects, and the y-axis represents 
the percentage of a defect over the total number of calls. The 
bars in the column indicate the defects of a product under 
test and baseline product. The highlighted defect in Figure 
14 shows that 1.25% of calls on the baseline product have 
“no audio” defect, while the product under test has 0.59% 
only, which is clear evidence that the test phone outperforms 
the baseline phone with respect to the voice defects. 
 

 For a packet-switch network, the voice channels and dis-
patch functions are used to transmit packet data other than 
voice, such as emails. Due to the sharing of voice channels, 
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Audio Sample 

Drive Test Data 

Defect logs + 

 
Figure 13. The diagram of voice defect labeling process: a ma-

nual process is employed to evaluate the phone conversations 

recorded from the drive test, and the labeled voice defects are 

stored in a defect database. 

 
the actual data rate and flow will depend on the network 
traffic. Like iDEN, WiDEN allows compatible subscriber 
units to communicate across four 25 kHz channels com-
bined, for up to 100 kbit/s of bandwidth. According to the 
iDEN characteristics [10], four carrier allocations for each 
25 kHz bandwidth should be evaluated. For this purpose, the 
inbound and outbound throughputs with respect to the RF 
measurements are employed to indicate the packet data 
transmission quality. The LAPi data time chart is designed 
to visualize the carrier allocation performance with respect 
to the inbound and outbound throughputs and RF measure-
ments. Figure 15 shows a packet data performance chart on a 
timeline that is placed in the middle of the chart. RSSI and 
SQE are shown at the top of the chart. At the bottom of the 
chart, four WiDEN carrier allocations and one iDEN carrier 
allocation are depicted with respect to the SQE timeline. 
This chart provides interactive and scrollable panels for test 
and baseline phone. From Figure 15, one can see that Wi-
DEN carrier allocations became lower and move to iDEN 
carriers when the values of SQE became lower. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

iVESTA Visualization Tools 

 
The development of visualization tools for DTD evalua-

tion is becoming an imperative demand for mobile-phone 
manufacturers and network providers because such tools 
help them analyze the collected data directly related to the 
customer environments. In practice, such data only make 
sense when interpreted in high dimensions. For example, the 
differences between test and baseline phones can be easily 
evaluated when the collected data are displayed on a map 
with signal strength, signal quality, distance between mobile 
phones and base stations, and network traffic. While the 
summarization tools introduced previously may indicate 
what happened during the drive test, e.g., dropped calls, the 
objective of the iVESTA visualization tools is to clearly 
answer why it happened, i.e., what caused the low RSSI and 
why the network did not properly hand over the phone to a 
neighbor cell. 

 

A. Mapping Tool 
 
 The iVESTA mapping tool is a web application with se-
lective features such as the test dates, RF measurements, and 
events on a map for different phones (test vs. baseline 
phones), as shown in Figure 16. Users can select different 
test dates for both phones and call modes. For all events rec-
orded in the DTD database, some of them, such as dropped 
calls or rescans, are only understandable with RF measure-
ments. 
 
 
 

 
 
 
 
 
 
 
 
 
 

 
 
 

 
 

 

 

Figure 14. A sample voice defect chart 
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Figure 15. Sample LAPi time chart 

 
 

 

 

Figure 16. The mapping tool with various features: two dynamic Google maps for test and baseline phones, 

and moveable event panel, menu with selectable options, and icons with detailed event information. 
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In the iVESTA system, the RF measurements such as 
RSSI or SQE are visualized with color keys corresponding 
to the ranges of the measurements. In addition, users can 
selectively decide which event(s) should be displayed such 
that the users can review all event details. Another sample of 
the mapping tool is shown in Figure 17, which displays all 
towers and their links to the route where a mobile phone is 
present. In order to provide a web-based dynamic map, this 
tool is designed with Google map API. Instead of reviewing 
the coverage of the network service, this tool helps users to 
clearly observe abnormal mobility performances. 
 

 
 

Figure 17. The detail information of a dropped call event with 

zoom-in state: the event detail window contains Test ID, PC 

time stamp, PCCH frequency and color code and RF mea-

surements on server and foreground neighbor.  

 

In order to reduce the time of drawing all icons on the 
Google map, the mapping tool is displayed in a 2-layer 
structure: the transparent layer is used for RF measurements 
and the icon layer is designed for the events. The data 
processing flowchart for the mapping tool is shown in Figure 
18. Whenever the Google event listener catches a user event, 
it calls Ajax functions to retrieve data from the server and 
renders the map with the event icons.   

 

B. Replay Tool 
 
Different from the mapping tools that simply map the events 
to the web-pages, the replay tool helps users restore drive-
test scenes with respect to factors such as the directionality 
and the velocity of the drive-test vehicles, through an ani-
mated web page, which dynamically shows the drive- test 
trail, as shown in Figure 19. In addition, the RF measure-
ment is also dynamically visualized such that the users can 
understand the test environments such as signal strength, 
directions, handovers, and cell towers to which the phone 
was connecting; the bottom part of Figure 19(a) displays the 

 
Figure 18. The data process on the mapping tool. 

 

RSSI and SQE measurements along the drive-test trip. The 
directionality of the test route is a critical factor to the mobil-
ity evaluation because the zones of the mobility evaluation 
are very sensitive and dependent on this factor. At the be-
ginning of the development of the iVESTA system, a large 
portion of the distinct handovers between the test and the 
baseline phone were observed. Later, this issue was analyzed 
as a cause of the vehicle directionality. This tool animates a 
drive-test vehicle with link lines between an MS and a BS, 
so it helps users to review the coverage of the network ser-
vices. 
 

Summary 
 

Provided here was a high-level overview of the iVESTA 
system, which was developed for drive test-data evaluation 
with the objective of providing generic functionalities to 
help a drive-test team analyze DTD evaluations and under-
stand the mobile-phone performance in comparison with the 
baseline products. iVESTA delivered a practical product for 
DTD evaluation, which successfully resolves the low-
integrity, low-quality, high-uncertainty, and low-
interpretability issues of the DTD. In short, iVESTA is a 
web-based reporting system which provides a full-scale 
evaluation of DTD through extensive comparison with the 
baseline phone. In addition, iVESTA provides numerous 
visualization tools to help users understand their DTD and 
essentially resolve the concerns about what happened and 
why it happened. This study focused mainly on the DTD 
evaluations from the mobile phone manufacturers’ perspec-
tive. To extend this research, more efforts on scalability for a 
large number of subscriber clients and the extension for net-
work service providers are highly recommended. In addition, 
the authors plan to focus on providing automatic scoring 
models for mobility and RS measurements, seamless access 
from chart to DTD, analysis on the cause and effect, and 
integrating data mining tools [8] to support intelligent data 
analysis in a subsequent study.  
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(a) 

 

  
(b) 

 

Figure 19. A screen shot of the replay tool: (a) the top part of tool illustrates the path of drive 

test vehicle on a map and at the same time displays the RSSI in different color keys. The bot-

tom part of the tool plots RSSI, SQE and cutback measurements simultaneously. (b) a de-

tailed view of the replay tool: the links between MS and BS are traced. 
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