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Abstract
Network throughput increase is usually associated with
replacement of communication links and appropriate net-
work devices. This approach is usually intrusive, expen-
sive and nevertheless time consuming. On the other hand
it is necessary to bear in mind that effective and less intru-
sive increase of network throughput can be achieved via
the improvement of existing protocol stack - especially
network and transport layer protocols.

In this paper we propose an advanced notification sys-
tem for TCP congestion control called ACNS (Advanced
Congestion Notification System). This new approach al-
lows TCP flows prioritization based on the flow age and
carried priority. The aim of this approach is to penalize
old and greedy TCP flows with a low priority in order to
provide more bandwidth for young and prioritized TCP
flows while providing more accurate details for loss type
classification which is especially useful in wireless envi-
ronment. Using ACNS specific TCP end nodes can be
informed how to modify the size of their congestion win-
dow. This allows us to notify TCP end nodes sooner
than the congestion results in packet loss. By means of
penalizing and prioritizing specific TCP flows significant
improvement of network throughput can be achieved.

Categories and Subject Descriptors
C.2 [Computer-communication Networks]: Network
Protocols; C.2.1 [Computer-communication Net-
works]: Net work Architecture and Design
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1. Introduction
Nowadays it is well established that TCP and UDP are
the dominant transport protocols. TCP apart from UDP
offers reliable communication between two end nodes over
unreliable IP communication channel. As a result TCP is
mainly used for reliable data transfers and is called as one
of the core protocols of the Internet protocol suite [23].
Main TCP features are reliability, full duplex, flow con-
trol, multiplexing, connection oriented and variable trans-
fer speed [16, 22].

The very first version of the most common transport pro-
tocol TCP was introduced in RFC793 [8]. First well estab-
lished TCP variant was introduced in 1988 and was called
TCP Tahoe. TCP Tahoe includes three key techniques:
slow start, congestion control and fast retransmission. To
match the increasing traffic requests (bandwidth, delay,
etc.), it was necessary to improve not only the hardware
part of the communication networks, but the software
part (protocol stack) as well. From the TCP point of view
these improvements were related to new key techniques as
well as to changes in congestion control. Improvements of
the TCP, mostly called TCP variants or extensions, are
mainly focused on the best and most effective usage of
available communication lines [3, 6].

2. Related work
First TCP improvements focused on higher performance
were published in [16]. Since 1992 [25], there have been
many new TCP variants which were aimed to increase
TCP performance. In general we can recognize two ways
of dealing with congestion and congestion control. First
way uses implicit feedback gathered by the TCP end nodes
that do not use any additional system but use only in-
formation gathered during their own observation of the
network and congestion in the network.

2.1 Wired networks
TCP variants using implicit feedback can be divided into
two main groups based on the end network type. Thus
we can recognize TCP variants suitable for wired access
networks and TCP variants for wireless access networks.
Moreover each of these two groups can be further divided
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based on the congestion detection [14]. One subgroup of
TCP variants uses packet loss as a sign of existing and
ongoing congestion in the network. This detection is reli-
able however on the other hand TCP variants using this
detection are characteristic with worse fairness, especially
in competition with TCP variants using increased delay
as a sign of congestion. The reason is that few moments
before the congestion queues are getting filled up, packets
spent wait more time in the queues and thus the whole
round-trip time (RTT) is increased. At this point second
group of TCP variants using increased latency in the net-
works (result of full queues) is detecting congestion and
slows down the transmission (decreases the size of the
congestion window) However TCP variant from the first
group have not detected any packet loss so far so they are
not aware of any upcoming congestion. As a result they
will not slow down but moreover they will increase the
size of the congestion window.

Main packet loss based TCP variants are TCP Reno, TCP
NewReno, BIC, CUBIC and SQUARE [6, 1]. Important
delay based TCP variants are TCP Vegas, TCP Illinois,
SyncTCP and NF-TCP [24, 15]. Apart from above clearly
defined groups there are some TCP variants which used
combine approach - Fast TCP, Hamilton TCP, Compound
TCP and RADIC-TCP [9].

2.2 Wireless networks
Original TCP was developed for wired networks there-
fore the use of this protocol in wireless environment often
leads to performance degradation. The reason behind this
low performance lays in the original TCP design where it
was supposed that every packet loss would be a result of
congestion and not a result of errors in communication
channel. However as it well known wireless environment
is especially susceptible to signal interference which leads
to higher bit error rate. As a result damaged packets are
dropped by lower OSI model layers and TCP reacts to
these drops of faulty packets as to standard drops due to
congestion. TCP variants for wireless networks are try-
ing to minimize this issue. We can recognize the same
division into packet loss based, delay based and combined
TCP variants.

Main packet loss based TCP variants are TCP Westwood,
TCP Hybla and TCP Jersey[7]. Important delay based
TCP variants are JTCP and EJTCP [13]. Apart from
above clearly defined groups there are some TCP vari-
ants which used combine approach and thus need sepa-
rate category - TCP Veno, TCP Cerl, Compound TCP+
[20, 17].

All these variants have one thing in common: they do
not make any steps for congestion avoidance unless the
congestion is detected by TCP end nodes [5].

2.3 Explicit feedback
More accurate reaction to upcoming congestion can be
achieved using some kind of notification system which in-
forms TCP end nodes about the situation in the network
using the information gathered from the nodes in the net-
work. Similar approach can be achieved while using Ex-
plicit Congestion Notification (ECN) system. TCP end
nodes allow nodes in the network to inform them about
the situation in the network and give them some kind of
feedback.

Figure 1: ACNS overview.

Feedback is transferred within IP/TCP headers and is
encoded into these headers instead of dropping such a ca-
pable packets. As a results TCP sender will decrease the
congestion window. However this feedback is sent within
all existing TCP flows which support ECN apart from any
flow characteristic. The only sent feedback stands for the
order to decrease the size of the congestion window as it
is shown in Figure 1[10, 12].

2.4 Problem identification
While keeping in mind existing ECN system and the be-
havior of TCP variants we have identified two limitations.

Firstly all TCP flows in the network from the TCP end
nodes point of view are treated equally. It means that in
case of congestion all TCP flows are penalized by means of
receiving order to decrease the congestion window. Their
characteristics like their age or priority are not consid-
ered which means that even short TCP flows or flow with
higher priority are treated equally with old and greedy
flows.

Secondly there is only one command - to decrease the
size of the congestion window which is sent to all TCP
end nodes at the same time. We believe that additional
command will fill the gap between decreasing and increas-
ing congestion window and will help to improve the TCP
performance in general. Mechanisms and further concepts
introduced in the following chapters are aimed to solve
highlighted issues.

3. Advanced notification system model
The idea of our new approach ACNS (Advanced Conges-
tion Notification System) is to allow the TCP and the
networks itself to inform only specific TCP end nodes
about the congestion in the network and instruct them
to change the congestion window by means of decreas-
ing or increasing its size. Such functionality will provide
more bandwidth to younger and prioritized TCP flows by
freezing and possibly decreasing the congestion window
of older and greedy TCP flows (more details about short
and long age TCP flows like their avarege age, number
of packets exchanged, amount of data sent can be found
in [2, 21]). We propose a set of weights assigned to each
TCP flow for further calculations which will result into
a specific command that will be sent within particular
flows.

Weight of the TCP flow is based on the following three
parameters:

1. TCP flow age.
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2. TCP flow priority.
3. Queue length.

TCP flow age reflects to the time how long the TCP flow
has been observed in the network. TCP flow priority
stands for the priority carried in the header of network
layer protocol. As the congestion in the network is usu-
ally associated with the fulfilling queues therefore we have
chosen queue length as our last key parameter.

ACNS can work in two modes. First mode is a typical sit-
uation when the command is calculated by and received
from the nodes in the network. TCP end nodes receive
the packet, check the header for encoded command and
modify the congestion window according to the decoded
command. The mechanism of TCP flow weight calcula-
tion and command determination is described in the next
chapter 3.1. Second situation represents packet loss in the
network. From the TCP end node point of view it doesn’t
matter where the packet loss happened because the result
will be always the same - end node will not receive the
command from the network. Therefore the end node has
to determine which command needs to be used and this
will be done using the commands received in the recent
past (chapter 3.2).

3.1 Flow weight and command calculation
While the TCP communication passes nodes in the net-
work, it is necessary to calculate the weight of the TCP
flow in order to send commands back to the TCP end
nodes. As we mentioned earlier the calculation has 3 in-
put parameters - TCP flow age, TCP flow priority and
queue length.

TCP flow age is unique per flow and is changing in the
time. As the age is theoretically unlimited, this param-
eter would bring some indeterminism to the final weight
calculation. To solve this issue we have introduced age
normalization (1): age of the flow fi is represented as a
part of the oldest flow age fmax. Using normalization age
values can vary from 0 to 1 (including). Result of flow
age normalization is shown in Figure 2.

∀ i ∈ (1; |F |) : T (fi) =
fi

fmax
(1)

Similar normalization is used for the second parameter
priority p. Priority normalization is done within the func-
tion F(p) using maximal priority pmax. The last input
parameter, actual queue length A(q), is changing in time
and is shared across all flows. It represents the actual
usage of the queue and can vary from 0 up to 1.

Final weight W for flow fi used for command determi-
nation can be calculated using (2) where F(p) stands for
priority part and T(f) represents age part. Both subparts
can be calculated using (3) and (4). It is possible to put
more weight on a specific part or eliminate the other part
by the weight factors (vp,va) but the sum of these factors
must be equal to 1.

Calculated weight W needs to be transformed into com-
mand C which will be sent to the TCP end nodes. The
command can be 1, 2 or 3. As the calculated weight W
is a real number, we need to convert it to one of available
commands using comparison with 2 thresholds thA1 and
thA2.

W =
A(q)

F (p) + T (f)
(2)

Figure 2: Flow age normalization.

T (f) = va ∗ age (fi) (3)

F (p) =
vp ∗ pmax

pi
(4)

3.2 Determining command upon packet loss
Commands received within acknowledgements can be use-
ful when loss occurs as they represent the situation in the
network right before the loss. Using these commands we
are able to determine trend command Ctrend directly in
the TCP end nodes.

At first TCP end node calculates trend weight Wtrend us-
ing wcount of the latest received commands. Even if we use
only few commands we have to distinguish between their
ages. This is achieved by assigning metric to every used
command using the exponential decrease with additional
step parameter [4, 13].

Calculated metric for every received command is normal-
ized using sum of metrics of all used commands X. Setting
P the array of all received commands the trend weight
Wtrend for specific TCP flow can be calculated using (5).

Later on calculated trend weight Wtrend needs to be trans-
formed into trend command Ctrend which will be used
by end node itself. Calculation is similar to the calcu-
lation for standard command, the only difference is in
used thresholds thL1 and thL2. These thresholds can be
set according to standard mathematical rounding or can
use custom values.

Wtrend =

ωcount∑

i=1

e−
i
σ . P [i]

X
(5)

3.3 Commands overview
TCP end node can modify the size of congestion window
according to one of six commands. As we stated before
half of these commands can be received within acknowl-
edgements and half needs to be calculated. Commands
usage overview is shown in Figure 3.

Received commands (commands calculated by nodes in
the network):
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Figure 3: ACNS overview.

1. C = 1 : ”normal”. There is no congestion in the net-
work. Congestion window can be modified following
the used TCP variant.

2. C = 2 : ”freeze”. There are signs of incoming con-
gestion. As this command will receive only specific
TCP end nodes, not all TCP flows are penalized.
After receiving, TCP end nodes freeze their conges-
tion window.

3. C = 3 : ”fallback”. There is a congestion in the
network. After receiving, congestion window will
not be decreased by multiplicative factor however it
will be decreased to the last known smaller value.

Calculated commands (commands calculated by TCP end
nodes):

1. Ctrend = 1 : ”freeze”. Loss occurred without any
sign of congestion (probably communication channel
interference). Command of 2 is put in the list of
received commands P (different treatment during
another loss).

2. Ctrend = 2 : ”fallback”. Loss occurred within indi-
cated incoming congestion. Congestion window will
be decreased to the last known smaller value. Com-
mand of 3 is put in the list of received commands
P.

3. Ctrend = 3 : ”decrease”. Loss occurred within ongo-
ing congestion. Congestion window will be reduced
following the used TCP variant. Command of 3 is
put in the list of received commands P.

3.4 Model verification
According to the testbed introduced in [21] together with
[19] we have performed basic model verification. The tests
were aimed at verifying basic functionality like commands
calculation and the impact of the feedback from nodes in
the network. Depicted figures with the simulation results
prove the functionality of ACNS feedback from nodes in
the network as well as the impact of the carried priority
on the whole prioritization process. ACNS system param-
eters were set according to Table 1. For testing purposes
we have randomly generated TCP flow lifetimes for an
average of 30 active TCP flows and sampled them over a
period of 50 consecutive evenly-spaced measurement pe-
riods.

Table 1: ACNS system parameters.
thL1 thL2 ωcount σ vp va thA1 thA2

1,8413 2,1587 10 3 0,8 0,2 0,95 1,0

Figure 4: Randomly generated TCP flows without
active ACNS.

Figure 5: Randomly generated TCP flows with
active ACNS.

Figure 6: Randomly generated TCP flows with
active ACNS and priority of 0.
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In the example depicted in Figure 4 we have modeled
30 randomly generated TCP flows without feedback of
our congestion prevention ACNS system. As can be seen
around sample time 20 a congestion is occurring and the
network does not recover for a long period of time until
many flows are being dropped around time sample 40. In
the example depicted in Figure 5 we have modeled 30 ran-
domly generated TCP flows, with normal distributed pri-
orities. The commands are now being fed back to the end
nodes. The results show a slowly increasing tendency of
the C parameter as the queue fills up to the point where at
around sample number 30 the number of flows with C=3
rises dramatically. The command to decrease the con-
gestion window is fed back to our model and subsequent
samples show the effect.

In Figure 6 we used the same model and parameters, but
we changed the TCP flow priority distribution uniformly
to zero (DSCP zero is considered as best effort). The
scenario depicted in Figure 6 illustrates a different distri-
bution of the C parameter, as the queue fills up. With the
increasing number of TCP flows assigned C=2 (samples
1 to 25) the congestion is not avoided and the number of
flows assigned C=3 increases.

The gradual congestion window decrease afterwards pre-
vents congestion. In this situation all flows have a priority
of zero and only TCP flow age is considered. Thereafter
flows with lower priorities would be considered for conges-
tion window decrease much sooner than those with higher
priorities

4. Integration into protocol stack
In order to use system ACNS in real network it is neces-
sary to modify network layer (IPv4/IPv6) and transport
layer (TCP) protocols while keeping the existing header
structure of these protocols.

Our approach keeps full backward compatibility with ex-
isting IPv4/IPv6 and TCP, even with ECN system. Back-
ward compatibility means that the end nodes will agree
on using system which both of them support. New ACNS
commands will appear as ECN commands for non-compatible
nodes.

4.1 Network layer
From the network layer point of view ACNS supports mul-
tiprotocol environment. According to current standards
two version of IP protocol can be identified. The main
design part is focused on IPv4 due to its ongoing popu-
larity.

As the design is the same for IPv6, separate section for
IPv6 is included as well. The goal of this section is to
explain how can be one additional bit required for ACNS
functionality acquired in the IPv6 header.

4.1.1 IPv4
Integration in IPv4 header lies in reusing ECN bits with
one additional unused bit from field Flags called CMI
(Figure 7). Routers are willing to encode more impor-
tant commands into IPv4 header (Table 2 - NS stands for
nonce sum flag) and overwrite existing ones. TCP sender
uses messages I2/I3 within one data window. When send-
ing last packet from specific data window, sender uses
messages I4/I5 in order to ask routers to encode com-

Figure 7: Bits used in IPv4 header.

Figure 8: ACNS usage at network layer.

mand in the IPv4 header (saves routers system resources).
Messages I6 and I7 are created only by routers.

From the network layer point of view the whole communi-
cation is considered as one phase because it is not divided
into phases as TCP does. While keeping in mind network
layer, ACNS can be used during the whole communication
(Figure 8).

4.1.2 IPv6
According to RFC2460 IPv6 header does not contain any
Flags field. It means that we cannot assign CMI bit di-
rectly. In this case allocation of CMI bit will result in
using additional nested header in IPv6 header. The dis-
advantage of this solution lies in the size of the nested
header; in order to use one CMI bit another nested header
with size of at least eight bytes will have to be used [18].

Different approach introduced in [11] suggests decreasing
the size of the field Flow label from 20 bites to 17 bites.
Saved three bites can be reused as Flags field where the
CMI bit can be allocated directly as in IPv4 header with-
out any overhead. The disadvantage of this approach is
its low support across network devices.

4.2 Transport layer
Introduced approach can be used in combination with any
existing and future TCP variant. Detailed cooperation
with used TCP variant is explained in the following sec-
tions.

4.2.1 Change upon recipient of acknowledgement
End nodes can receive three different commands within
the acknowledgement. Together with these three com-
mands available congestion window (cwnd) changes are
defined in (6) where cwndlast is defined as W(t-1) and
cwndlast x is defined as W(t-x) Function W stands for con-
gestion window size changing function in time. After re-
ceiving command of 1, end node will be allowed to use
its own TCP implementation to calculate new congestion
window.
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Table 2: ACNS messages encoded in IPv4 header.
# ECN CMI Message
I1 0 0 0 ACNS not supported
I2 1 0 0 ACNS in ECN mode (set by end node), ACNS message: command normal (left by routers), NS = 0
I3 0 1 0 ACNS in ECN mode (set by end node), ACNS message: command normal (left by routers), NS = 1
I4 1 0 1 ACNS supported (set by end node), ACNS message: routers to set command, NS=0
I5 0 1 1 ACNS supported (set by end node), ACNS message: routers to set command, NS=1
I6 1 1 1 ACNS message: command freeze (set by routers)
I7 1 1 0 ACNS message: command fallback (set by routers)

Figure 9: Bits used in TCP header.

cwnd =





cwndTCP C = 1

cwndlast

cwndlast x

C = 2

C = 3

(6)

4.2.2 Change upon loss
Using self-calculated trend commands end nodes are able
to modify congestion window as defined in (7). After
receiving command of 3 end node will decrease the con-
gestion window according to used TCP variant.

cwnd =





cwndlast Ctrend = 1

cwndlast x

cwndTCP

Ctrend = 2

Ctrend = 3

(7)

4.2.3 TCP
Integration in TCP header lies in reusing existing ECN
bits and new bit from the reserved field called CMT (Fig-
ure 9). These bits allow us to encode and decode all neces-
sary ACNS messages (Table 3 - NS stands for nonce sum
flag). From the transport layer point of view the whole
communication is divided into 3 phases - connection es-
tablishment, data exchange and connection termination
(Figure 10). Usage of ACNS system will be agreed dur-
ing the connection establishment (three-way handshake).
TCP sender will offer ACNS system within ACNS-setup
SYN packet (flags SYN=1, ACK=0, ECE=1, CWR=1,
CMT=1). If TCP receiver supports ACNS, it will re-
ply with ACNS-setup SYN-ACK packet (flags SYN=1,
ACK=0, ECE=1, CWR=0, CMT=1) (Figure 11).

TCP end nodes agree on using ACNS during data ex-
change however they will not use ACNS during the initial
phase because ACNS does not apply to control packets.
While using ACNS during data exchange, TCP end nodes
set appropriate bits in IPv4 and TCP header according to

Figure 10: ACNS usage at transport layer.

Figure 11: Conforming ACNS during connection
establishment.

Figure 12: Conforming ACNS during data ex-
change.
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Table 3: ACNS messages encoded in TCP header.
# CWR ECE CMT Message
T1 0 0 0 command normal (R), NS=0
T2 0 0 0 command normal (R), NS=1
T3 1 0 0 congestion window reduced (S), NS=0
T4 1 0 0 congestion window reduced (S), NS=1
T5 0 1 1 command freeze (R)
T6 0 1 0 command fallback (R)

Figure 13: High level simulation topology
overview.

the used message. ACNS is used during the whole data
exchange until the connection termination phase starts
(Figure 12).

TCP receiver decodes command from IPv4 header and en-
codes the command in the TCP acknowledgement header
sent to the TCP sender. TCP receiver can use messages
T1/T2 in order to signalize normal congestion window
processing. In case of upcoming congestion, TCP receiver
can inform TCP sender with message T5 in order to freeze
congestion window or with message T6 to apply command
fallback. All messages from Table 2 are used only by TCP
end nodes.

From the nodes in the network point of view ACNS resides
in the TCP end nodes and in the routers as well.

To sum it up, TCP end nodes use ACNS for:

• Messages encoding,

• Messages decoding,

• Modifying TCP congestion window,

• Command self-calculation upon packet loss.

Nodes in the network (routers) use ACNS for:

• TCP flows classification,

• Messages encoding,

• Messages decoding,

• Commands calculation.

5. ACNS evaluation
System ACNS was implemented in the network simulator
ns-2 where the simulations were performed as well. One
of the most important implementation parts was the im-
plementation of flow classification as this part required its
own data structure for storing all necessary flow details:
Hash, Source IP address, Destination IP address, Source

Figure 14: Detailed simulation topology.

Table 4: TCP flows parameters.
Flow TCP Prio. Start End From To
#1 CUBIC 0 0.1 118 N0 N5
#2 CUBIC 26 15.1 118 N0 N4
#3 CUBIC 46 30.1 118 N1 N3

port, Destination port, Time of flow add, Time of last
flow update, Age, Priority and ACNS compatibility.

Simulation topology used for simulations represents con-
nections between 2 remote sites which are connected via
Internet Service Provider (ISP). We assume that the bot-
tlenecks do not exist in the ISP network (over provisioned
links) however the ’last-mile’ links (used for connection to
the ISP network) are willing to become bottlenecks during
the communications.

High level overview of the simulation topology is shown
in Figure 13. Detailed simulation topology is shown in
Figure 14. The simulation consisted of 3 concurrent TCP
flows and 3 concurrent UDP flows (detailed characteristic
in Table 4 and Table 5). All TCP and UDP flows ended at
simulation time of 118 seconds when the whole simulation
ended. All UDP flows had priority set to 0 (best-effort).

ACNS system parameters were set according to Table
1. Network parameters which were monitored during the

Table 5: UDP flows parameters.
Flow Rate Prio. Start End From To

#1 0.5 0 0.1 118 N0 N3
#2 0.6 0 20.1 118 N1 N4
#3 0.5 0 40.1 118 N2 N5
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Table 6: Simulation results - throughput
# System Throughput [Mb/s]

Average Maximal
#1 #2 #3 #1 #2 #3

1 - 0.8 0.4 0.2 2.7 2.1 1.8
2 ACNS 0.3 0.7 1 3 3 3

Table 7: Simulation results - RTT.
# System RTT [s]

Average Maximal
#1 #2 #3 #1 #2 #3

1 - 377 377 316 973 1230 335
2 ACNS 327 329 332 468 484 406

simulations are throughput (maximal, average), RTT
(maximal, average), amount of sent data and packet loss.

Comparison of achieved simulation results is shown in the
following tables:

• Table 6 - average and maximal throughput,

• Table 7 - average and maximal RTT,

• Table 8 - amount of sent data,

• Table 9 - packet loss.

For better illustration the comparison of actual through-
put and RTT changing in time is shown in the following
figures. Figure 15 shows the changing actual throughput
of all 3 TCP flows without ACNS system. Significant
throughput changes at around 15th and 30th second are
related to the start of new TCP flows.

The same reason is responsible for significant through-
put changes at around the 20th and 40th second where
the next UDP flows started. Figure 16 shows the actual
throughput of all 3 TCP flows with ACNS system active.
Throughput changes around 15th, 20th, 30th and 40th
second are related to the start of the new TCP and UDP
flows.

Figure 17 shows how the actual RTT of all 3 TCP flows
was changing during the simulation without ACNS sys-
tem. Using this picture we can conclude that RTT was
changing due to the actual queue length. On the other
hand Figure 18 shows the change of RTT while the ACNS
system was in use. Once the ACNS was stabilized, the
RTT decreased significantly and for the rest of the sim-
ulation RTT achieved lower values in comparison with
simulation where ACNS system was not used.

According to the simulations results, using ACNS it is
possible to increase TCP flows throughput (Figure 15 -
without ACNS, Figure 16 - with ACNS) by 44 % which

Table 8: Simulation results - sent data.
# System Amount of sent data [MB]

#1 #2 #3 Total
1 - 11.78 6.15 2.89 20.82
2 ACNS 4.4 11.26 14.33 29.99

Table 9: Simulation results - packet loss.
# System Loss [packets]

#1 #2 #3 Total
1 - 110 86 40 236
2 ACNS 0 2 0 2

Table 10: Network performance improvements.
Network parameter Improvement

Total average throughput + 44,5 %
Total average RTT - 7,1 %

Total data sent + 44,0 %

lead to increased amount of sent data (44 % increase).
Using our new approach TCP flows RTT can be decreased
(Figure 17 - without ACNS, Figure 17 - with ACNS) by 7
%. Network performance improvements are summarized
in Table 11. All these improvements were achieved with
nearly none losses.

6. Conclusions
In this paper we have introduced an advanced notification
system for TCP congestion control called ACNS. In com-
parison with existing approaches, our approach ACNS can
be used in combination with any existing of future TCP
variant. One can compare this approach with existing
ECN system however ECN system does not distinguish
between TCP flows and between certain phases of con-
gestion. Our approach enables prioritization of TCP flows
using their age and carried priority. As a result, only spe-
cific TCP flows are penalized and not in the same way.

The goal of ACNS is to avoid congestion by means of pro-
viding more bandwidth to new flows while penalizing old
flows and later on if congestion occurs it uses TCP vari-
ant mechanism to eliminate the congestion. Using ACNS
significant improvement of network throughput can be
achieved. Depending on the TCP flows prioritization it
is possible to achieve up to 44 % increase of throughput
and the amount of transferred data and around 7 % RTT
decrease with nearly none losses. To sum it up, ACNS
allows TCP performance increase without the need to in-
crease capacity of the communication links. In the future,
we would like to focus on the cooperation with IPv6 and
further testing in wireless environment.
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Abstract
There are plenty of activities performed in the group in-
stead of the single user. This can be observed in the digi-
tal world respectively. Various ”social” activities are per-
formed over the Web or at least are discussed and agreed
within the Web, e.g., social networks. For such scenar-
ios the group recommendation is needed. Our work is fo-
cused on the improvement of recommendation approaches
for group of users by introducing the inter group pro-
cesses and members characteristics. Next, we proposed
improvements in single-user recommendations by enhanc-
ing it with user context or virtual communities, which we
treat similarly as groups in group recommenders. Pro-
posed approaches are evaluated in several offline experi-
ments, where the standard datasets are used. In order to
investigate group-based features of proposed approaches,
we performed user studies experiments as well.

Categories and Subject Descriptors
H.1.1 [Information technology and systems]: Models
and Principles - Human factors, Human information pro-
cessing, Software psychology; H.3.3 [Information tech-
nology and systems]: Information Storage and Re-
trieval - Information filtering

Keywords
recommendation, groups, social interaction, satisfaction
modeling, influence modeling, adaptive social web, virtual
groups

∗Recommended by thesis supervisor: Prof. Mária
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1. Introduction
Personalized recommendations are integral part of nowa-
days Web-based applications. The amount of information
available to the Web users is tremendous and increasing
day by day as a result of the information accessibility and
tendency to transform Web users from the passive role of
content consumers to the active content producers.

The problem of information overload is studied a and re-
searched from nearly beginning of the ”information revo-
lution”. Personalized recommendations are generally used
to overcome some of the problems connected to informa-
tion overload by reducing irrelevant or recommending rel-
evant information. From the historic point of view rec-
ommender systems are connected to the single-user an
his/her preferences. On the contrary, we are facing up
the tremendous social activity over the Web increase. The
popularity of social oriented services is increasing contin-
uously. Thanks to these trends the need for group rec-
ommendations - recommendations suitable for the group
members is increasing.

Today’s group recommenders were applied in various do-
mains. In some approaches the relationship type is con-
sidered (e.g. the dictatorship). There are several other
characteristics which are not or minimally considered as
the group structure, social connections or users personali-
ties in order to generate recommendations. Consideration
of such extra information can significantly improve recom-
mendations and increase users’ satisfaction as it is clear
that similar intergroup processes as in the real life can be
observed.

1.1 Personalized recommendations
When discussing personalized recommendation, it is nec-
essary to understand the difference between recommen-
dations and personalized recommendation. As the first
one refers to the general suggestions for most users (e.g.,
most watched movies, highest rated books), the second
refers to the specific user, based on the knowledge about
his/her preferences and tastes. As we are interested in
construction personalized recommendations, the personal
aspect will be implicitly considered to be present. For the
single-user recommendations there are two basic widely
used recommenders approaches:

• collaborative recommendation

• content-based recommendation
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These approaches are often mixed in order to produce so-
called ”hybrid methods”. Various enhancements as the
knowledge-based or context-aware approaches have been
proposed in order to improve the performance and thus
users’ satisfaction.

Content-based recommendation is often used in well-struc-
tured domains, where the relevant information can be ex-
tracted from the analyzed and recommended content eas-
ily (Equation 1).

∀u ∈ Users; i∈Items = max(similarity(RecentItems,

Items)) \RecentItems(u)

(1)

The idea of the content-based recommenders is based on
the assumption that users usually like similar items and
thus the advanced content analysis (in order to find simi-
larities between items), e.g., similar articles (Sport), books
(History), movies (Drama). The typical representative of
such a well-structured domain is news portal. For ev-
ery article various metadata can be extracted (title, au-
thors, category etc.) and used for the similarity search
and finally in recommendation respectively [6]. Not only
explicit metadata about some item are important, the ad-
vanced content analysis is often performed and distinctive
features extracted [7].

In the collaborative recommendation user to user connec-
tions (based on the preference similarity) are analyzed
(Equation 2). The basic idea of collaborative recommen-
dation is that similar users (based on the preferences ex-
tracted from the previous activity) like similar items [4].
In the contrast to the content-based recommendation no
content analysis have to be performed.

∀u ∈ Users; i∈Items = max(similarity(User, Users))

\RecentItems(u)

(2)

Various approaches within the collaborative recommenda-
tion have been proposed. The matrix factorization models
as SVD, SVD++, PLSA or neural networks are compara-
ble to the state-of-art approaches, while they often offer
memory efficient model [8]. On the other hand, neighbor-
hood based models are used more often, thanks to their
simplicity and possibility to easily understand the reason
for providing specific recommendations (ability to explain
recommendations is one of the recommender system im-
portant characteristics), while this is often crucial from
the user’s satisfaction point of view.

One of the proposed enhancements to recommenders ap-
proaches is the consideration of additional information,
e.g., the user’s context. In this case, the final predicted
rating is not based only on the user and the item, but
his/her context is considered additionally. Three basic
paradigms for the context integration to the recommenders
have been proposed in the literature [1]:

• The contextual pre-filtering uses the context infor-
mation in order to filter the dataset used for the
recommendation.

• The contextual post-filtering generates the recom-
mendations without the context information and in
the final phase is the context used to adjust these
recommendations.

• The contextual modelling uses the context as the
part of the rating computation process.

In our work we will use the contextual modelling, as the
rating prediction can be easily used in various approaches
in the group or single-user recommendation.

1.2 Group recommendation
Often we have to act socially. The activity is performed in
the group instead of as a single-user. These activities can
be natural, e.g., watching movies with friends or we are
forced to be participant of various groups, e.g., listen to
the music in the gym or in the bus. In all these situation
the group recommendation can be beneficial, when the
single-user satisfaction is taken as an optimization func-
tion.

The group recommendation task can be formulated as fol-
lows: let the G be the set of groups and I all the possible
items available to the recommendation, u the usefulness
function (usefulness of an item for the specific group),
then the group recommendations task is defined as:

∀g ∈ G, i′g = argmaxi∈Iu (g, i) (3)

Generally, the group recommendation systems are based
on the standard single-user recommendation approaches,
the group structure, members relationship or personali-
ties are considered minimally. Often the difference be-
tween collaborative and group recommendations is over-
looked. While the collaborative recommendation creates
sets of similar users as an part of the computation step,
the group recommenders take group as an input for the
recommendation process, while the group similarity may
vary.

In order to model group and users’ preferences two basic
approaches are used in today’s group recommenders [5]:

• group preferences are modelled as preferences of one
user, while the inconsistent preferences from various
users have to be solved

• for every user single-user model is maintained, while
aggregation of group members profiles is performed
in the time of recommendation

It is clear that if single user profiles are maintained for
every user, the aggregation of users preferences can be
performed on two levels - the users preferences can be ag-
gregated or personalized recommendations of group mem-
bers are aggregated (Figure 1).

Modeling whole group preferences as s single-user model
is not so widely used as it is suitable for the stable groups.
It can be quite difficult to extract single-user preferences
when the group structure changes. On the other hand
this can be an advantage is specific domains, where users
preferences have to be stored anonymously.

The user’s interest can be in the general represented as a
set of pairs (item, relevance). Let the I be the item and
V the value from interval <0,1>, then

Mu =
⋃

(Iu, Vu) (4)
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Figure 1: Merging recommendation lists (a) vs. merging profiles (b) [17].

Mu represents user model of the user u. Three types of
preferences are usually stored in this way (Equation 4)
[14]:

• Quantity of Affiliation characterizes the affiliation of
the content to the specific semantic concept (Article
- World=0.7, Business=0.1).

• Quantity of Consumption describes degree of inten-
sity of the satisfaction level for the specific seman-
tic concept (Article - normalized time spent during
reading or scrolling).

• Quantity of Interest characterizes degree of interest
for specific semantic concept (Article - interest rate).

There are several specific characteristics of group and
group recommendations respectively, which are different
from single-user recommendations. Some of them are im-
portant similarly for group and single-user recommenda-
tions (e.g., recommendation of single-item or sequence,
context consideration, minimal satisfaction guarantee),
others only for group recommendations (e.g., group ac-
tiveness, group homogeneity). By considering these as-
pects (with emphasis on social aspects) we can make the
process of recommendation and group modeling closer to
the real life conditions, that should bring better results
in the field of the recommendation precision and users’
satisfaction respectively.

Based on the analysis of the state-of-art group recom-
menders four basic perspectives can be distinguished. In
general, they vary in the domain, aggregation function or
in way of user presence detection. Based on this, we pro-
posed a set of disjoint attributes of recommender char-
acteristics, which serve for classification of existing ap-
proaches (Figure 2).

The main difference of today’s group recommenders is vis-
ible in the aggregation strategy used. Plenty of strategies
have been proposed from basic averages to strategies en-
suring minimal satisfaction. Despite of the strong social
influence within the group members, these strategies ig-
nore social aspects and cover only the ”fair” aggregation
(instead the dictatorship strategy).

1.3 Aims
We target at improving recommendation approaches based
on identified problems described above. We propose novel
methods for the personalized recommendation for group
and single-users according the following aims:

Group characteristics

Process characteristics

Preferences
dynamics

Inputs

Outputs

Group
durability

Group
reality

Group
consistency

Items presentation
type

Item (single, sequence)

Context

Satisfaction
consideration

Merging
strategy

Figure 2: Various perspectives to the group rec-
ommenders.

• Improving group recommendation performance with
respect to the user satisfaction, focusing on consid-
ering various aspects of recommendation and users
and specific domain optimization.

• Improving single-user personalized recommendation
by enhancing it with group recommendation princi-
ples focusing on improving the performance of rec-
ommendation for new users and/or specific domains
and improving the accuracy of standard recommen-
dation approaches.

Our contributions covers three areas:

• Low quality of recommendations in various domains
and special situations. Nowadays recommenders fail
in many special domains and common situations
(e.g., low number of similar users, cold-start prob-
lem, rating sparsity). This is crucial from the user’s
satisfaction point of view, because user attitudes to
the system are formed rapidly. Thus the sufficient
recommendations are required as soon as possible.
Moreover, the performance of recommender systems
can be increased from various points of view (rating
prediction, precision etc.).

• No or minimal consideration of social aspects within
the group of users. When the group decides which
activity will be performed, users consider the group
structure and special users’ preferences respectively.
This is notably not considered in aggregation func-
tions or satisfaction modeling nowadays. In general,
in order to model real life conditions (intergroup
processes) we need to include social aspects into the
process of group recommendation.
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• Limited context modeling as the source for user sat-
isfaction influence. The context of a user can be
understood similarly as the social influence in the
group recommendation. One context type is able to
strengthen other context types and vice versa and fi-
nally, influence the user preference. Such a dynamic
context modeling is not present in the context-aware
recommenders nowadays.

2. Proposed group recommendation approaches
We proposed several approaches for the group recommen-
dation. We considered various domains as the multimedia
or educational domain. Moreover, specific group charac-
teristics are taken into account is particular approaches,
which allows us to increase the performance of such rec-
ommendations.

2.1 Group recommendation based on voting
Sometimes there is not possible to obtain group struc-
ture and user’s social characteristics. When the group is
constructed adhoc - from the ”random” users, there is al-
most impossible to collect information about the group
structure or users characteristics.

On the other hand, even when the members preferences
or the group structure are known, the group activeness
can indicate that group members desire to be actively
involved into the recommendation (consensus obtaining)
process.

One of the best performing approaches for the group rec-
ommendation, which is suitable for the active groups,
is the recommendation based on voting of users (group
members). Group members suggest their recommenda-
tion and then the voting is performed. It is clear that
the voting process, especially when performed online and
when the goal is to reach consensus can be influenced and
enhanced by various aspects (e.g., sharing preferences, ag-
gregation strategies, group size, users’ consistency). In
order to investigate the influence of these specific aspects
we propose a voting mechanism in the domain of movies.

Proposed approach consist of the construction of users’
ratings matrix, which is created based on users’ votes
(Items x Votes). Every user can vote for the items al-
ready voted by other users, or the new item can be added
as the suggestion to the group. Next, the matrix of nor-
malized ratings is constructed (Min-max normalization)
in order to minimize low or hight ratings influence to ag-
gregation strategy. Finally, the total of three represen-
tative aggregation strategies (additive, multiplicative and
additive with minimal satisfaction) are used in order to
construct the group recommendation, which is presented
to users (Figure 3).

Not only the lack of users’s preferences knowledge or ac-
tive group indicate to use the voting based recommen-
dation. Often there is no information about the recom-
mended content available (e.g., movie genre, director),
which are used for the similarity search. In the voting
based approach, these information is processed by the
users thus no content analysis or the lack of new items
is required or present.

2.2 Group recommendation for learning domain
One of the domains where the group recommendations
have not been researched and applied is the education.

User’s rating
matrix

Normalized
ratings
matrix

Additive
strategy

Multiplicative
strategy

Additive
strategy

(minimal sat.)

Aggregation strategy

Recommendation

Figure 3: Proposed voting based group recom-
mendation.

The learning groups are natural part of learning process,
thus offers ideal environment for the group recommender
implementation.

Recommendations generated with the respect of the group
members can increase the users satisfaction and to reduce
the effort needed to obtain some knowledge level. Positive
aspects of the group learning have been reported in the
literature [16]. Moreover, the specific characteristics of
the educational domain can be harnessed, e.g., the user’s
learning style, in order to maximize user’s satisfaction.

The typical problem in the educational system is the lack
of users’ activity (except ”before exam” time). Thus, the
group recommendation seems to be an optimal solution to
satisfy users by providing resources and exercises suitable
for ”online users” (actual group in our context).

The basic source of influence in the context of education is
the learning style preference. Partially, learning style can
be considered as the one of the personality characteristics.
Every user can be from the learning style point of view
characterized based on the 4 dimensions [3]:

• Perception - sensory vs. intuitive

• Input - visual vs. auditory

• Processing - active vs. reflective

• Understanding - sequential vs. global

It was shown that these learning styles and their corre-
sponding teaching styles improve standard learning pro-
cess (successfully used in the pedagogy) from the quality
and quantity respectively [3]. To our best knowledge, no
recommender system in the educational domain (single
or group) considers these styles in the recommendation
approach nowadays.

In order to improve the group recommendations in the
learning process (aiming to optimize the knowledge in-
crease and time need for learning), we proposed novel
approach for group recommendation considering users’
learning styles.
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Online users

Single-user
recommendation

Learning styles

Groups construction

Group
recommendation

K-means

Figure 4: Group recommender approach for edu-
cational system.

Proposed approach consist of three basic steps - learning
groups construction, generating of single-user recommen-
dations for the group members and finally aggregation of
these recommendation and providing group recommenda-
tion (Figure 4).

First, the learning groups from the actual present users
(online users) in the system are created. As the amount
of users within the educational system varies, thus we use
standard K-means algorithm based on the users’ learn-
ing style dimensions in order to create group of users of
similar learning styles. These dimensions are previously
obtained by the questionnaire proposed by Ortigosa [10].

After the groups are constructed, second part - generating
of the personalized recommendations is performed. For
this purpose, we involved standard the single-user recom-
mendation. The single-user recommendation for the every
group member is constructed based on the adjusted rec-
ommendation proposed in [9]. For every item predicted
rating is computed as the minimum of the item relevances
- thematic, difficulty and repetition relevance. The set of
objects and their predicted relevance (ratings) are next
ordered and Top-N relevant objects are recommended to
the user.

Finally, the single-user (every group member) recommen-
dation aggregation is performed, in order to obtain one
list of recommended items for the learning group. We
propose to use the hybrid aggregation strategy because
various homogeneity levels of groups can occur in the sys-
tem (various knowledge levels or various learning styles).

In this manner, we obtain a list of recommended items
for the particular group, based on the single-user recom-
mendations enhanced by users’ learning styles.

3. Single-user recommendation approaches
The ideas of the group recommendations can be used in
order to improve single-user recommendations and spe-
cific problems as the cold-start, recommendation diversity
etc. We propose three single-user recommenders, which
improves the recommendation performance for new users
and regular users (user preferences are known).

3.1 Recommendations for new users
The problem of the new user well known as the cold
start problem is present in almost every recommender
system. When a new user desires for recommendations
(or interacts with the system) usually there are no or
minimal information about his/her preferences. Unfor-
tunately, users form their attitudes to the system in very
first interactions, thus the success of the system is often
dependent functionality and services which are available
for new users.

The standard collaborative recommendation is based on
the assumption that system users can be clustered (simi-
lar users can be found across the system). If we are able
to find similar users, we are able to generate recommen-
dations. Based on these assumptions we can reformulate
the problem of the new user as the problem of assigning
a cluster of most similar users (group of similar users).
Thus, if we generate recommendations suitable for every
group some of them should be suitable for the new user
respectively.

Based on this hypothesis we propose a novel group in-
spired recommendation approach for new users, which
consists of these steps:

1. create similar users clusters

2. generate group recommendation for every cluster

3. aggregate these group recommendations into one list

The clusters of similar users represents some ”stereotypes”
of all possible preferences across the system. Because
there is need to generate recommendations for every clus-
ter (group of users) we use group recommendation for ev-
ery cluster (”virtual group”). Finally, as there are numer-
ous groups, the final aggregation of recommendations for
all groups have to be performed (to obtain Top-N items to
recommend).As the result, one list of recommendations is
obtained (Figure 5), while the recommended items should
be suitable for all similar users group, and thus all users
in the system (some of the list for some groups).

3.2 Single-user recommendation improvement
Based on the assumption that including the virtual users
as a part of virtual groups can bring improvement of
the single-user recommendations by introducing more di-
verse recommendations, we proposed novel method for the
single-user recommendation. Proposed approach consists
of three basic steps:

• virtual groups construction

• similarity computation between virtual users and
real users outside the group

• generation of recommendation for specific user

The main difference between the classic single-user collab-
orative recommendation process and our proposed method
(Figure 6) is that our proposed recommendation process
is not based on the user to user similarity, but based on
the similarity between users and a virtual users.

Every user is assigned to a virtual group. These groups
are generated pseudo-randomly based on the inter-group
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Figure 5: Proposed group based single-user rec-
ommender for new users.

User to user similarity 
computation

Recommendation

User to user similarity computation

Groups construction

Group to user similarity computation

Recommendation

Figure 6: Standard collaborative recommendation
approach (left) compared to proposed group based
approach (right).

similarity (average of members similarities). The real-
life groups derived from the social networks or the other
web activity may be used. Primary, we construct vir-
tual user preferences by using average strategy. Various
strategies may be used with or without minimal satisfac-
tion guarantee. In this manner we obtain preferences of
a virtual user-which represent preferences of the whole
group. Likewise, various group sizes can be constructed,
larger groups should increase the variety of recommended
items and vice versa.

Final step consists of generating recommendation for the
specific user of the group, whose preferences are repre-
sented as the average of the group (by the virtual user)
instead of concrete user preferences. The recommenda-
tion approach is similar as the single-user collaborative
approach.

In this manner we obtain a list of recommendations for
every user in the group. The group itself do not obtains
the same recommendations, but every group member re-
ceives own, personalized list. In our experiments we use
random group construction, while the inner-group simi-
larity is considered. In the real life users belongs to vari-
ous groups - natural or virtual. These groups can be used
similarly as virtual groups, we generated.

3.3 Influence-based recommendation
In the group various intergroup processes can be observed,
while the horizontal and social status, users’ personali-
ties and other factors play important role in this process
[11, 15, 13]. In the single-user recommendation, the user
context is the source for the (preferences) influence. Var-
ious context types as weather or mood influence users
behaviour and preferences. In the recommender systems
domain the context is often understood (from the repre-
sentational view) as the predefined set of observable at-
tributes [2]. It is a set of information connected to the
specific user and item in the time of the recommendation,
e.g., mood, location, time, weather. Adjusted rating func-
tion R for the context-aware recommendations is defined
as [12]:

R : User × Item× Context→ Rating (5)

As there are various context types and sources, it is clear
that a specific combination of contexts can influence user’s
behaviour and preferences in various manner. In other
words, one context type can influence the strength of
other context types (e.g., bad mood can be strengthen
by the bad weather).

In order to include context influence modeling to the rat-
ing prediction process, we proposed a novel method for
rating prediction considering context influence model ).
Proposed approach is based on the assumption that one
context type can influence other context types and that
user is influenced by the previous experienced content as
well. Proposed approach consists of three basic steps:

1. predict ratings for unrated items.

2. spread activation through user’s item specific influ-
ence graph.

3. combine the user’s ratings history and the final sta-
ble state of influence graph.

Based on the actual user available context, we construct
context influence graph and spread activation (predicted
item rating) within this graph (Figure 7). One vertex
represents item, while other the available context. Edges
refers to the influence presence between contexts and items.

The previous experienced items influences user’s prefer-
ences as well. This influence is considered as the ratings
of previous items (if user experienced two items which
he/she rates as top items, we believe that small amount
of this positive feeling is propagated to actual rating as
well). This rating history we consider with time decay
factor - more recent items influence user’s rating more.
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Item C1

C2 C3

Figure 7: Example of the influence graph con-
structed for every predicted item (gray) and cor-
responding contexts (C1..C3).

4. Evaluation of proposed recommendation ap-
proaches

We evaluated proposed approaches in order to investigate
and to optimize several parameters which are used in our
approaches. Similarly, we focused on the recommendation
approaches improvement in the mean of the precision or
the rating prediction error.

As the methodology of performed experiments was sim-
ilar we will deeply describe one of experiments we per-
formed to evaluate the idea and the performance of the
single-user recommendation based on the group principles
(Section 3.2).

We experimented with various settings of proposed ap-
proach as the group sizes, intergroup similarities or ag-
gregation strategies used for aggregations.

Hypothesis. By introducing more diverse items (some
level of user similarity is guaranteed) we expect to im-
prove generated recommendations - proposed approach
based on the virtual groups and virtual users outperforms
standard collaborative recommendation.

Data. For the experiments, we used the MovieLens 100k,
which consists of users’ rating on movie items - 100 000
ratings (scale 1-5) from 943 users on 1682 items (mini-
mal 20 ratings per user). The dataset was split into train
(80%) and test data (20%). In addition, 5 fold cross vali-
dation was performed.

Process. We developed single-user recommender system,
which is based on the proposed group recommendation
approach. Similarly, we developed standard single-user
collaborative recommender in order to compare expected
improvements. The standard single-user collaborative ap-
proach was designed as follows: for a user find most sim-
ilar users across the system, next recommend best rated
items from these users (which were not visited by user to
whom recommendation is computed).

Results. We compared proposed approach (the top 3 and
top 10) to standard collaborative approach. While the
precision of proposed approach is decreasing with the size
of the group used for recommendation, MAE and RMSE
is improving with the group size (Table 1). From the other
hand, the difference between predicted ratings over vari-
ous group sizes is very small and in the average it is almost
identical to the standard collaborative approach. When
compared the best performer (group size 3 and 91 simi-
lar users, ratings considered as positive feedback >=3) to
the standard approach, our proposed approach brings the

improvement more than 11.5% for the P@3 and 10.4%
for the top P@10 recommendation respectively. This is
a huge improvement for the recommender approach and
thus indicates that proposed approach can be used for the
task of single-user recommendation.

The groups used for the recommendation not necessar-
ily have to be virtual, while the real groups with specific
preferences can be used. Moreover based on various sim-
ilarities levels within the groups we can control the level
of diversity obtained in the recommendation lists candi-
dates.

Based on strategy used for the group construction an-
other application for proposed approach raised. When
combining not active users with some active one, more re-
cent results can be expected. Similarly, sometimes some
kind of influence may be desired - teacher of specific class,
girlfriend and her birthday etc. In such a situation pro-
posed approach consider the preferences of another person
and thus recommendations are moved from the single-user
preferences.

5. Contributions
In our work we focused on designing and evaluating such
approaches of personalized recommendation, which help
users in everyday life situation to overcome information
overloading problems.

Thanks to the users’ social activity increase over the Web,
the group recommendations became important part of the
recommender systems area. In this thesis we focused on
the exploration various influence sources within the per-
sonalized recommendation, focusing on the group recom-
mendation. We experimented with the social aspects of
users in the process of recommendation.

Moreover, we proposed approaches for the single-user rec-
ommendation approaches based on the group principles
by considering virtual users or users’ context influence
and the group recommendation itself.

• Improvement of the group recommendation in the
movie domain by proposing voting-based recommen-
der based for active groups. One of the most used
approaches for the group recommendation is the
voting (suitable for the highly active groups). We
proposed a method for the voting-based recommen-
dation, which provides recommendations based on
the three aggregation strategies, considering sharing
preferences and the users’ rating consistency. We
have shown that groups and users themselves ignore
the sharing preferences, moreover including sharing
preferences brings higher voting deviations in our
experiments (movie recommendation domain). The
voting seems to be an ideal group recommendation
approach when the group is active and small in gen-
eral. When the large groups are involved, the voting
strategy destroys the minority. Moreover, the min-
imal satisfaction is not desirable although (when a
large group of users requesting recommendations).

• Improvement of the group recommendation by propos-
ing novel influence based recommendation method,
considering users’ personalities and intergroup rela-
tionships.
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Table 1: Results of proposed single-user group approach for 3 and 10 top recommended items compared
to the standard collaborative approach (Std.).

Gr. Top 3 Top 10
size P@3 MAE RMSE P@10 MAE RMSE
3 0.4272 0.51 0.42 0.3251 0.61 0.52
4 0.3927 0.48 0.40 0.3091 0.60 0.51
5 0.3948 0.48 0.40 0.3057 0.59 0.50
6 0.3929 0.48 0.39 0.3047 0.59 0.50
7 0.3829 0.47 0.38 0.2961 0.58 0.49

Avg. 0.3981 0.49 0.40 0.3081 0.59 0.50
Std. 0.3819 0.48 0.40 0.2780 0.59 0.51

Usually there is not only one item recommended
when recommending but the whole sequence of items.
As we have shown, user prefers specific order of
items in the sequence (based on the rating). The
sequence recommendation obtains a new dimension
in the group recommendation. It is important to
consider the order of the sequence for the single-
user and its influence on other group members. This
optimization task is enhanced to the all group mem-
bers. For this purpose we propose satisfaction func-
tion, which models the satisfaction level and influ-
ence over the group in specific time of the sequence.

The satisfaction modeling in the group context have
to face up several dimensions. The process of emo-
tional or social contagion is usually bi-directional
and thus the all possible combination of interaction
within the group have to be considered. As we have
shown users consider social relationships within the
group, moreover, some special occasions are consid-
ered by users (e.g., birthdays). For this purpose, we
proposed an activation-spreading based approach,
which models the complicated inter-group relations
(based on the users’ personalities and horizontal or
vertical social interactions). Thanks to proposed ap-
proach, we can model the inter-group processes, dis-
cover real users’ ratings (preferences) and thus im-
prove the recommendation process from the users
satisfaction and recommendation precision point of
view.

• Group recommendation improvement by proposing
novel group recommendations method for the learn-
ing task recommendation with users’ learning styles
consideration.

We have shown that the group recommendation can
be used in various (not usually used) domains as
educational systems. We proposed enhanced ap-
proach for the single-user recommendation includ-
ing the users’ learning styles as the source for the
user influence and context. In the next step, we
used these single-user recommendations to construct
group based recommendation for the small learn-
ing groups (created from online users with simi-
lar learning styles) in order to support the learning
process. Proposed approach brings statistically sig-
nificant improvement from the knowledge increase
point of view. Obtained results support our hypoth-
esis that the group recommendation as the one of
the learning support tools can improve the learning
process not only in the quantity but as the students’
interview reveals in the quality of such a learning as
well.

• Improvement of the context-aware recommendation
by proposing single-user context-aware recommender

which, is based on the context to context influence
assumption.

Not only real users within the group are the source
for the influence. The context of user influences
the user’s preference or stereotypes (similarly as the
group members in the group recommendation). More-
over, various context types influence other specific
contexts (e.g., weather, mood or day). Such an
influence can be compared to the users influence
within the group. Based on this assumption we pro-
posed a single-user recommender system considering
users’ actual context. This context is adjusting pre-
dicted weights of items to recommend for each user.
Moreover, the context strength is spread over the
context model. The statistically significant results,
we obtained, show that our approach considering
the user’s context and rating history outperforms
standard approaches for the collaborative recom-
mendation as the Matrix factorization or Bi-polar
slope (without and with the context consideration
respectively).

From the computation cost point of view, proposed
approach does not notably decrease the recommen-
dation performance, as the context types consider-
ing in the recommendation process are highly lim-
ited. As the group recommendation is often based
on the single-user recommendation (or preferences),
using proposed context boosted rating prediction
can be used for the group recommendations respec-
tively. Thanks to the smart mobile devices increase
the availability of the contextual information allows
us to design new context-aware recommenders in
new domains.

• Improvement of the single-user recommendation for
new users by proposing novel approach for recom-
mendation based on the virtual group construction.

One of the basic problems of recommendation ap-
proaches is providing worthy recommendations for
new users (no user preferences are known). As we
have shown, aggregation strategies help us to re-
duce such a problem. Users can be clustered in the
means of the similar users (user to user similarity),
which provides natural user clusters (based on their
preferences). The new user will be a part of such
a group after his/her preferences are known. Our
proposed approach generates virtual groups (simi-
lar user groups) and then the group recommenda-
tions are generated for every group. In this man-
ner we obtain a list of recommendations suitable for
all group members (for every group). Finally, these
group recommendations are aggregated into the one
list - which covers recommendations for all virtual
groups and thus all users. As we have shown, pro-
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posed approach outperforms standard most visited
items approach. Similar pattern can be observed
when the diversity of items is desired.

• Improvement of the single-user recommendation by
proposing novel recommendation approach enhanced
by virtual groups construction and aggregation of the
group preferences.

As we have shown by introducing the virtual groups
and enhancing the idea of the group recommenders,
the performance of single-user recommendation can
be increased. We propose a new approach which
creates virtual groups, which preferences are repre-
sented by virtual users (aggregation strategy used).
Next, the similar user search is performed, while
virtual user to real user similarity is computed. Fi-
nally, the interesting items from most similar users
are recommended. As the statistically significant re-
sults show, our proposed method outperforms stan-
dard collaborative filtering approaches (by introduc-
ing more diverse items). Moreover, our experiments
proved the domain independency of proposed ap-
proach.

We have shown that our proposed approach can be
used in domains, where there is low users’ activ-
ity - there is not enough similar users for the stan-
dard collaborative recommendation. Virtual group
based recommender can be used for various tasks.
If there are inactive (minimal activity) users in the
system, the virtual group with more active users
can be constructed. Thanks to this, the influence
of active users will result in more diverse and actual
recommendation. Similarly, when a new user desires
recommendations, proposed approach brings quali-
tatively better recommendations.

6. Conclusions
Group recommendation is an interesting research area
nowadays. There are several activities, which we per-
form in a social rather than an individual manner. In this
situation, individual recommender systems cannot be ap-
plied. TV watching, going to the cinema, restaurant, pub
are only few examples, moreover new domains of applica-
tion educational systems, games with purpose or digital
libraries becomes more popular and important. These
activities are usually attended after some agreement over
the group. We also distinguish situation, when we cannot
choose, e.g., music played in the gym or in the vehicle etc.

For the purpose of ratings merging, several aggregating
strategies have been proposed. It seems that some of
them, which consider fairness and avoiding misery per-
form better (real people consider these two aspects) in
some domains, but as we shown this is highly dependable
on the group size.

Today’s group recommenders do not consider the social
aspects of their users. As we model real life group charac-
teristics, it is important to incorporate user’s personality
or relationships. It was shown that user’s mood and per-
sonality could have a significant influence to other group
member’s feeling. In other words, when a respected ex-
trovert is unsatisfied, other members will probably share
his/her feelings, even if their were partially satisfied. More-
over, not only the personality but also the social status
of every group member or their relationships have a great
impact to the satisfaction. Some of users tend to prefer

the user with special occasion (birthdays). The personal-
ity type can be detected based on various questionnaires
or can be extracted partially from social networks, where
we can also extract the user’s social status. In order to
reflect these aspects new recommender approaches are de-
sirable.

The consideration of social aspects influence and person-
ality types during the preference aggregation process (ad-
justing the ratings) can bring qualitatively better recom-
mendation for individuals and for the group as a whole
respectively. In connection to the satisfaction modeling,
various real-life scenarios can be modelled. Not only the
horizontal influence but also the vertical influence mod-
elling can be beneficial in some domains (e.g., considering
teachers preferences within the group).

One of the important characteristics is also the size and
the group homogeneity. The researchers usually consider
these characteristics, while the proposed methods fail when
the group is large and heterogeneous.

We can expect increasing trend in the group recommenders
usage. The trend of integrating new platforms as the TV,
internet or mobile devices brings new domains where the
need for group recommenders arises. Similarly, content
or usage history analysis in order to fill create user mod-
els are not sufficient anymore. The tendency to use the
content generated by the users is visible, while the most
powerful sources seems to be social networks.

While the standard single-user recommender approaches
suffer from several problems, new extensions, e.g., the ap-
plication of group recommendations to the single-user rec-
ommendation by introducing the virtual communities and
representing their preferences by virtual users are desir-
able. These virtual users are in this context understood
as another source for influence. As we have shown such
approaches bring better results in some specific situations
and problems of single-user recommendations.
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Abstract
In order to make recommendation more precise in various
systems we focus on contextual information as another
aspect of information space. A context could be used for
estimation of item relevance which are subject to further
recommendation. However, it is often not trivial to ob-
tain information on context. Users are not willing to share
this information (socio-demographic, location) or we sim-
ply have no possibilities to collect it (mental condition
or physical health). We proposed a method of context
inference by analyzing information which is available for
individual users. We use techniques of machine learning
and evaluate results in real environment with informa-
tion gathered by monitoring real users in several domains
(news reading, social network, movie ratings).

Categories and Subject Descriptors
H.3 [Information Storage and Retrieval]: Cluster-
ing Information and Filtering; H.2 [Database Applica-
tions]: Data mining

Keywords
context, behavioral analysis, movies, ratings

1. Introduction
Personalization received much attention last years. Our
possibilities to adapt and personalize has increased since
people became part of the Web. Personalization itself
mostly involves data mining techniques as proposed in the
chapter on data mining for web personalization by [12].
Besides preprocessing and integrating data sources, they
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mainly discuss patterns discovery based on clustering, as-
sociation rules mining or sequential pattern mining. Sim-
ilarly [18] proposed their approach to analyze users and
discover their behavioral patterns. Authors in [2] denoted
that user profiling is no longer about answering questions
or filling forms. It is about gathering and analyzing se-
quential data such as clickstreams and queries.

Current evolution of mobile devices indicates our need
to be equipped by something smart all the time and ev-
erywhere. Smart devices are becoming our accompanies
what also brings advantages we had never thought about.
These devices are learning and adapting using advanced
methods. They know who we are, what we do, where we
are and even what we need. Everything should be under-
stood as profitable for the user. Mobile devices could be
used as a tool for observation. Even more, talking about
pervasive computing, we are able to use every surround-
ing device to observe the user and his activities. Starting
with surveillance cameras through credit cards and end-
ing with Web browsers we are monitored and our actions
could be stored. And this is only beginning of what we
can do nowadays. Step by step, new an new technological
inventions surround us and more options to observe users
emerge.

Even if we use advanced techniques to observe user and
put him into context of the situation we are not capable
to capture all aspects of the particular moment. These
aspects could be very useful (e.g. in information retrieval
or recommendation). Thus seeking for other options to
cover this missing space is important research problem.

To cover missing information on user behavior which we
are not able to acquire in common manner (by direct user
observation), we need to bring in implicit information ac-
quisition.

In our work we focus on information associated with a user
which describes the user and the state of his environment.
Basically we recognize two sets of aspects which affect user
behavior:

• user attributes (e.g. gender, age, religion, skills),

• environment attributes (e.g. location, time, weather).

Our goal is to acquire these attributes. In general, user
attributes are explicitly expressed by users. Users are
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usually asked to complete forms where this information
is required. Acquired attributes have usually long-term
nature. For instance, date of birth never changes, so does
not gender. Other attributes such as weight or height are
changing rarely or in long periods.

We focus on the context as a combination of user at-
tributes and environment attributes. We analyze trends
and research which has been done in the area of user mod-
eling, information retrieval, recommendation or adaptive
systems. This led us to recognition of the potential re-
search interest in this field. We show state-of-art ap-
proaches and link them with modern approaches, trends
and perspectives [1] stated during panel discussion on con-
text and context-awareness. This emerged in the partic-
ular goals which we are focused on.

We state our goals as an effort to improve current state-
of-art approaches to recommending. Our intention is to
apply our ideas emerged from the observations of user
behavior in various systems. We observed preferences
and their change in different conditions. User behavior
is therefore our main topic in this thesis.

Our goals are as follows:

• Enrich users’ behavior records by context of their
actions. Even explicit communication with a user
does not reveal the reason of his actions. User be-
havior therefore seems to be random in case we miss
the context. Our goal is to gather as much informa-
tion on context as possible. This could be done by
explicit and implicit feedback. Our goal here is to
reveal those contexts which could not be revealed
directly.

• Understand relation among context and user behav-
ior. User preferences or needs change over time. It
is normal to have different tastes in different con-
ditions. Our goal is to discover patterns in user
behavior to reveal the reason of user actions. These
patterns should explain the temporal nature of user
needs. Explaining user needs and their origin is
a contribution to any form of personalization, there-
fore even in our scope of recommender systems.

• Use the potential of discovered context in recommen-
dation. Context became very popular in recom-
mender systems. However, we know that context-
aware systems are not yet successful enough to out-
perform other approaches [8]. Our goal is to con-
tribute in the area of context-aware recommending
in form of identifying and fixing problems that usu-
ally suppress the potential of the context. Context
and its potential showed to be promising in the area
of knowledge-based recommender systems [14], where
the recommendation is generated using rules con-
sisting of context and interest. We also aim to incor-
porate behavioral patterns of individuals into rec-
ommendation process. Besides post- and pre-filtering
we search for natural usage of context in recommen-
dation process.

2. Related Work
Acquiring context could be generally divided into explicit
and implicit. Where implicit acquisition is combination of

inference using user activities and other contextual infor-
mation. Following is our division of the approaches into
three categories by the concept of their acquirement:

• Explicitly by direct user confrontation. Acquiring
is focused on the user. Methods use explicit ap-
proach to gather information about current situa-
tion of the user. We are directly questioning the user
and answers are processed to discover contexts. This
approach is logically suitable only for contexts re-
lated to the user. However, the user is often not will-
ing to answer and provide information about him-
self. The user treats the system as bothering. In
some cases, we need to explicitly acquire context be-
cause some hidden contexts cannot be discovered im-
plicitly. In work by [17] questions are used to gather
contexts collaboratively to make this bothering pro-
cess easier for individual users. At first are users
asked to answer questions. Later, other users bene-
fit from the information which was already gathered.
An example could be the user who leaves the house
regularly in the morning on weekdays because of
work. The user is asked to explain the task what
would explain similar behavior of other users.

• Implicit using user activities. In many cases, we
acquire context implicitly by mining the data of
user activity records. This particular process of
the user modeling requires no direct interaction with
the user [4]. It could be even done collaboratively by
simple game playing as described by [6], or monitor-
ing masses in WikiPop project [5]. One of the disad-
vantages of such an approach is inability to discover
hidden contexts. Using these complex methods is
not necessary if we want to find out how the user
feels. On the other hand, this approach does not
bother the user, because no user attention is re-
quired.

• Implicit using other contextual information. In some
cases we need acquire context which could be de-
rived from existing contextual information. For ex-
ample, two users share the same computer. Records
of the Web usage are stored, but we cannot deter-
mine who exactly was browsing the Web, what is
the age of the user or gender. One option is to asso-
ciate actions with already known contextual infor-
mation such as time. Using patterns in time en-
ables us to split actions into different context of
the time what could be used to infer attributes of
the user. The same happens with TV, because we
cannot determine which family member is watching
TV at the moment without complex context and
user modeling.

We split our options of contexts acquirement into three
groups. Actually, there could be also intersection of these
three approaches. There is always a good reason to in-
clude the user as the best source of knowledge even if
the process of contexts acquiring is bothering. The ex-
plicit form produces less information but these are in fact
more precise, thus valuable. On the other hand, im-
plicit form gives us many information but with higher
noise. Value of the information gained by explicit ques-
tioning brings us to the problem of the customization
of the human-computer interaction. There is, again, no
generic solution since users are different and their atti-
tude differs. We only presume that the process of explicit
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context acquirement should be attractive particularly for
users which would transfer the knowledge with greatest
efficiency. In work by [15] authors dedicate their effort to
evaluate such explicit form of knowledge acquirement with
implicit form. Their work was on feedback, but the out-
puts are the same - even small group of good and explicit
contributors would substitute the mass of implicitly mon-
itored individuals.

There are many context types that are considered in the ex-
isting context-aware systems. Sometimes there is no need
to model all contexts in specific domains but if we want to
create generic and robust systems we should define con-
text at least by its structure or scheme. Context types
could be defined by five categories:

• Personal context. Personal context could be divided
into physiological and mental contexts. Physiolog-
ical context are user’s age, sex, height etc. Mental
context are more temporal and also more difficult
to acquire. Mental contexts are modeled as long-
term interests, experiences, skills or knowledge. By
personal context we also understand mood or emo-
tions [10, 3].

• Environment context. User is always in some en-
vironment with surrounding entities. This environ-
ment has its attributes such as luminance, humid-
ity, temperature, or noise which could be captured
by low level sensors [7]. User is also surrounded by
things and other people. These surrounding entities
are also parts of the environment context.

• Social context. Similarly to the environment con-
text, social context includes people. However, the as-
pect of observing these people is different. Here we
work with relations to the other persons such as
partnership, friendship, family, co-worker etc. So-
cial context also defines a role in the society.

• Task context. Current agenda of a user should be in-
terpreted as task context. These are current actions,
activities, but also plans or goals of the user as e.g.,
intention to transport to the work which [17] tries
to identify by asking explicitly, supported by predic-
tion over collaborative approach. Another example
is our previous work [19] where we anticipated up-
coming event and notified user in appropriate time
to transport from current location to location of an-
ticipated event on time.

• Spatio-temporal context. Location over time is the sim-
plest way how to describe this context. However,
we could include also movement speed or direction.
Time is a sub-context of spatio-temporal context.
Time could be interpreted not only as precise mo-
ments but also by intervals (Monday, evening, win-
ter. Spatio-temporal context of the user is nowadays
the most popular. This context is used in many sys-
tems such in the COMPASS [16] to achieve location-
based recommendation of tourist places. Another
example is approach of [11] to social matching. They
tried to acquire the context using mobile device with
GPS support.

3. Method for Context Inference
Every human has different habits and his behavior is in-
fluenced by different aspects. Different tastes lead to user

profiling. Authors in [13] proposed a method for analyzing
conversations to detect a topic of the electronic communi-
cation. Authors observe communication to extract inter-
ests of individuals. This short term observation showed
to be promising also for long term user profiling. Us-
ing Wikipedia as a source of keywords also enabled them
to work with relations among these topics or interests.
Authors can observe the user and his preferences over
time what means they are able to differ which interests
are long term and which is short term. We can imag-
ine that classification of behavior by [9] could be applied
here to recognize the weight of the interest. Because one
time topic discussion or decreasing amount of discussion
on topic might suggest its further irrelevance.

Human needs have to be respected if we want to recom-
mend items based on user preferences. We observed that
user needs and behavior itself are influenced by long term
user attributes such as gender or age, or mostly short term
environment attributes such as location, time or weather.
This information is often missing or is not complete.

We identified three topics which we discuss here:

• User behavior and context of user actions correlate.

• Similar users have similar habits.

• More information on user characteristics increases
the precision of predicting behavior.

In this chapter we summarize our analysis of current state
within user behavior. Here we sum up our findings and
conclude our discovery which we are going to use later for
method design.

3.1 Users and their Similar Habits
We have recognized, that user has habits and rituals. Ac-
tually, we can not extract knowledge from individual user
and presume that this knowledge is also valid for other
users. Every user could have different rituals, however,
some users have some similar habits. We can observe that
group of users are doing the same actions and their be-
havior correlates. We can identify which users are similar
by comparing conditions which were valid during similar
actions.

We presume that there are users whose behavior is simi-
lar. These users could be clustered into groups of similar
users. Each cluster forms a stereotype of user behavior.
In such a group are users who are potentially interested
in the same items.

We do not have to focus on similar users and their global
behavior. We presume that conditions in association with
actions are more relevant than global behavior itself. Thus,
clustering users by actions and searching for behavioral
similarity we do not consider to be the best way. This
leads to long term observation, thus ignoring relevant
short term contextual information. We have to incorpo-
rate context to work with conditions and find groups of
similar users. Condition in form of contextual information
is better to reflect real user rituals or habits. It means,
that one user’s ritual is associated with some condition.
Clustering users by these rituals should form groups of
users whose behavior is similar and their interests and
needs should be similar too.
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We observed that some information is missing for specific
users and some is not (e.g. demographics). We presume
that by discovering similar users we are able to propagate
information to reduce missing information. We identified
tasks we face:

• Discover similar users using rituals. Users’ behav-
ior is not random. Everyone has some stereotypes
and we can find rituals in this behavior. These rit-
uals or habits are sometimes similar among users.
Each user could have more habits which are similar
to other users. It is useful to discover these simi-
larities. We could use this information for building
user models in higher abstraction and later for prop-
agating information among them. This behavioral
similarity is usually calculated using only items as
joins. However, we use context to find context-aware
similarities among users.

• Propagate contextual information. Contextual in-
formation is usually connected with user action. These
actions happens in some situations. It means that
contextual information covers these situations. For
some actions is, however, difficult or impossible to
acquire this information directly. But if we knew
that this situation could be similar to the situation
of different action with contextual information, we
could propagate this information.

• Infer missing information with associated confidence.
Missing information on context could be inferred by
the aforementioned propagation. However, we can
not be sure about our inference. One eventuality is
to use values representing the confidence of inferred
information. Since we infer these information, we
can naturally compute the confidence. The confi-
dence is a real number associated with inferred con-
textual information. This number should be greater
in case we have more original information which is
used for context inference.

These three tasks led us to approach for context inference
which is inspired by collaborative filtering. Our aim is
to infer new contextual information, in the meaning of
adding new value. Therefore we are not going to simply
extrapolate existing data, but discovering new informa-
tion to fill gaps in dataset of user actions.

3.2 Working with User Behavior
Our method for method for context inference takes users’
behavior as input. This is a set of actions with identified
user, item and conditions. Input could be sparse consid-
ering contextual information on user’s action. We use sets
of conditions associated with actions to reveal patterns.
Pattern consists of set of context values which are co-
occurring with items. We discover many patterns which
have both higher and lower frequencies. Items which are
associated with actions are now associated with patterns.
Each pattern could have more items. These patterns are
grouped into stereotypes (ignoring item). Stereotype is
a set of patterns.

Context inference itself needs user and his behavior as in-
put. User behavior is mapped onto stereotypes. Every
action of the user could be associated with the stereotype
using intersecting conditions (context). Via these actions
is the user assigned to a stereotype. It means we have

stereotypes which are more relevant for the user. Impor-
tant part is that these stereotypes include patterns with
context which might be missing for the user. Missing con-
text is then inferred using particular patterns in stereo-
type.

We understand that user behavior could be influenced by
various attributes called generally context. The reason we
showed the correlation among user behavior and context
is that we need to understand human behavior before we
predict what he would like. Since every user is somehow
different than others we need to understand if there are
any similarities which would possibly reduce the complex-
ity of human nature. We had a presumption that some
of the influences are more general than others. It means
that user is acting like a mass in some cases. But we have
to mind the deviance of the individuals.

Observations which we presented led us to stop under-
standing a user himself as the reason of deviation in hu-
man behavior. We now understand that every user com-
posed of more personalities which are changing over time.
These personalities are plausibly combined in some form
of constellation for each moment we take. This discovery
means that we should use partial personalities to provide
some recommendations. From now on, we refer to these
personalities as stereotypes since these partial personali-
ties are usually repeating in the set of users.

3.3 Propagation of Contextual Information
We propose a method for context inference which enriches
logs of user activity with information which could be rel-
evant. Our aim is not to acquire available information
but to estimate context components which are not avail-
able directly. We reduce the sparsity of information which
leads to better recommendations or even other informa-
tion retrieval processes. We work with visible and hidden
user information. We also consider the availability for
specific user.

We recognized that besides easily acquired contextual in-
formation (time, location) we need to acquire more com-
plex information on context. The difficulty differs from
domain to domain. It means that we can not define ex-
act information type to be visible or hidden but we can
split information types by the way they occur in specific
domains. We split contextual information into two basic
types:

• Visible contextual information. Available user in-
formation which is easily acquired in particular do-
mains. For instance, time is contextual information
which we can easily acquire almost in every domain.
Other example could be gender of the user, which is
often public information in social networks.

• Hidden contextual information. Present but not avail-
able. This type of contextual information is not
easily acquired. It actually exists and has impact
on the user behavior but we can not obtain this in-
formation directly. For example, it could be dwelling
time. It definitely affects our needs when we are
at home, but system has no direct information on such
context. This is therefore a subject for further infer-
ence. Other example could be age of the particular
user. This information is often private or at least
it is private for majority users. However, for many
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types, we do not need exact age of the user, we can
infer this information to only categorize user into
young, adult or elder. An estimation of age interval
is in most cases sufficient and actually very interest-
ing information considering recommender systems.

We focus on hidden user characteristics and infer context
which could not be directly acquired. If context is hidden
for specific user it does not necessarily mean that it is
hidden for other users. From this point of view we can
split contextual information which is hidden for specific
user into two types:

• Known contextual information. Visible for other
users but hidden for the specific user until inferred.
For example, when the user reads mostly local news
and we can not acquire his location we could infer
this contextual information. We can do this through
other users with visible context of location who are
interested in the same news. We actually presume
that this could be done for any other user attribute
such as age or gender.

• Unknown contextual information. Not visible for
anyone. This could be inferred as the constella-
tion of visible information or its components. Actu-
ally we can not recognize this type of information as
rigid information. We can only work with the set of
other information components which describe this
type of hidden information. As we mentioned be-
fore, knowledge-based recommender systems would
hinder by these unknown information. However, by
enlarging the set of users and connecting more do-
mains we could achieve reduction in such a set of
unknown information.

Our method for context inference is based on user behav-
ior and context which has impact on this behavior. To
complete missing information on context we analyze users
and their actions. We reveal hidden context by gathering
visible context and propagation. The main idea is in prop-
agation of the context using groups of similar users. The
similarity is calculated using visible context and patterns
which we observe in users’ behavior.

However, not every rule discovered by observation is valid
for some group of similar users. Some of them are appro-
priate only for individuals, some of them are mainstream
patterns. Thus we respect different natures of behavioral
patterns.

We define three different groups of patterns:

• Psychology of the Crowd. Crowd or the mass and its
behavior is easily observed. When we watch decision
of more users we notice that there are patterns of
activity which could be applied to everyone or ma-
jority of the users. For example, in the domain of
movie watching we observed that users are more in-
terest in movies which had bigger budget. Explana-
tion is simple, they are affected by promotions and
advertisement which movie producers afford. The
opposite scenario is observable when a user does not
select movie in different language probably because
it is not comfortable for him to watch the movie with

subtitles. These two logical examples only proves
that user often takes actions which are observable
for the masses. This holds in majority of the cases.
However, behavior of the crowd does not necessarily
mean that every user is affected by these conditions.
We have to focus on groups of users whose interac-
tion with the system is slightly different.

• Psychology of the Individual. Every user has some
of his own preferences which differ from the main-
stream. However, these rare reactions to context
have very low impact when enriching user behavior
by context. Such a behavior is only minor in com-
parison to other actions user takes. Although this
behavior has almost no relevancy in the recognition
of behavioral patterns we do apply these rare in-
fluences to support the process of enriching contex-
tual information on user behavior. We only work
with users who are identified as very rare consider-
ing their behavior and their actions does not fit to
mainstream actions or actions of identified commu-
nity.

• Psychology of Similar Users. Behavior of the crowd
and psychology of individuals affected by mainstream
behavior could be applied to majority of people.
However, some people are different and they be-
have like a community or group of similar users.
We do not try to recognize this group, we only try
to recognize groups of similar users who are inter-
ested in specific items in specific conditions. The
behavior of the group of people should be consid-
ered in order to recognize stereotypes of people and
their behavioral patterns.

4. Evaluating Sparsity Reduction
We present evaluation of our method on several datasets.
We work with news reading from SME.sk, social network
azet.sk and dataset with movie ratings CoMoDa.

We presume that the inferred information correctly en-
riches existing data. We proved this presumption by the in-
ference of visible context. We compared inferred and real
contextual information and calculated relative error, pre-
cision and recall.

We presume that inferred information improves the pre-
diction of user activity. We repeat the same prediction
with and without inferred context and compare the re-
sults of both predictions.

Our intention was to present context inference as positive
contribution to the quality of the data used for further
personalization. We experimented with the domain of
news, social network and movie ratings.

We discovered that the domain itself is not that important
in case of precision. What is more important is the qual-
ity of the data before we apply our method for context
inference and secondly the context types for particular
domains.

In other words, it means that very sparse data is less likely
to be enriched with correct information. Our method for
context inference is basically based on the extrapolation
of original information. Very sparse datasets have very
poor information on user behavior and since our method
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is based on user behavior, the quality lowers with dataset
sparsity.

Second observation is that we could not say which context
could be inferred with higher precision because it changes
from domain to domain. It eventually means that partic-
ular context type could have different influence on user
behavior in different domains. On the other hand, we are
able to say what is the influence of a particular context
for specific domain when necessary data is provided.

Regarding the recommendation itself we worked with sim-
ple recommendation based on predicting user interest based
on the user history. Our added value, which we demon-
strated in experiment is in aforementioned context infer-
ence. It basically means, that we are able to improve
the quality of the dataset used for recommendation. We
also showed that using context could be almost transpar-
ent for the recommendation technique. We are able to
incorporate context directly to the user model thus rec-
ommendation could work with context as effective as with
content (tags associated with user in the user model).

5. Future Work
We focused on one of the problems which makes the context-
aware recommendation less successful than it could be.
We recognized that missing values in contextual infor-
mation lead to lower precision in predicting user behav-
ior. There are many different problems related to context-
aware recommending regarding its precision.

Beyond our current scope we identify that complexity of
recommender systems using context is very high. We
consider every aspect of the future action of the user.
To do this we have to incorporate many dimensions of
the user behavior what makes the representation too com-
plex. Working with multidimensional space of user ac-
tions will lead us to use some type of factorization or com-
plexity reduction. This could be done by identifying most
relevant contextual information regarding user behviour,
thus reducing its complexity. However, this approach
should be covered also in the model representing user be-
havior and conditions. We should not use simple matrix
but probably a graph. Then it is a question of graph algo-
rithms which should make the recommendation possible
even if original complexity is too high. Graph represen-
tation actually outperforms relation databases when the
complexity and variety of entities is high. In the case
of graph representation we could employ algorithms like
activation spread or search for distances.

Another direction which should be followed is evaluation
of the context-aware recommender systems. Evaluation
itself is very time consuming since we need to cover most
of the situations which could occur in the system. For
instance, considering the season of the year would take
at least one year to cover all cases. Moreover, if we want
to evaluate some sort of periodicity regarding season of
the year we should watch users for much longer than year.
We expect, that this will be solved using hypothetical sit-
uations and simulation of these unreachable situations to
cover as much situations as possible. In such a approach
we could ask user to imagine some situation and respond
to question or rate some recommendation accordingly. We
should be able to cover most of the situation in this man-
ner. On the other hand, we should ensure that user is
given a hypothetical situation which he probably already

experienced or experienced very similar situation. For in-
stance, we should not ask male to imagine that he is a
female.

Context-aware recommending needs to be transformed
into context-based recommending. Context-aware recom-
mending is usually done by one of the well-known ap-
proaches such as collaborative filtering or content-based.
Context has a role of filter. But we expect that rec-
ommender system will be actually based on the context
in the future. Context is highly related to user behavior,
so there is potential to predict user action very precisely.

Future research and trends in the field of reducing the spar-
sity of contextual information leads to several new ap-
proaches. We expect that using mobile devices for facing
this particular problem will be very intense since there
is great power to acquire context. On the other hand,
privacy issues will be always an issue.

Another direction would be in connecting many systems
which acquire user context. Connecting these systems
will create a united environment holding almost complete
contextual information capable of inter-system context in-
ference. More contextual information we will have, more
accurate will the context inference be. There are already
approaches focusing on the unification of these systems.

6. Conclusions
We analyzed user behavior and influence of contextual in-
formation in meaning of user and environment attributes.
We have found out that user behavior is observable and
it seems to repeat in a pattern. We focused on these pat-
terns with intention to improve recommendation process
and its outputs. Our idea is in completing missing infor-
mation on context thus reducing the sparsity of dataset
which is used to recommend items. Our main hypothesis
which we confirmed was formed as:

Information on the user behavior could be enhanced
implicitly by analyzing known patterns in users’ behavior.

We decomposed our hypothesis into smaller assumptions
which we used for our method proposal. We worked with
these three assumptions:

• User behavior and context of user actions correlate.

• Similar users have similar habits.

• More information on user behavior increases the pre-
cision of predicting behavior.

We proposed our method for context inference which fol-
lows these tasks. Our method is a contribution in the field
of recommender systems. Our method reduces the spar-
sity in context-based user model for recommender sys-
tem. We proved that predicting behavior considerably
improves information retrieval or recommendation since
behavior has profound effects on the information need.
We also proved that our approach where we used inferred
information outperformed the same recommender system
which suffered by missing information, since user model
was very sparse. We showed that our method and its
precision changes with the domain and context type.
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Our approach combines more techniques available in data
mining with intention to infer context which is not directly
available. We decided not to use standard association
rules mining because it seriously suffers from discretized
values. We work with continuous values instead of nom-
inal or discretized. We showed how this approach is de-
signed and what is the precision in the domain of news
to contribute to the field of context-based recommender
systems.

Another interesting fact about our method for context in-
ference is that it uses rules which are assigned to incom-
plete user models respecting that our behavior is either
mainstream, individual or stereotyped.

Our effort and results are summed up in the Chapter 4
where we experiment with two strategies in three differ-
ent domains. In aforementioned chapter we present ex-
periments which reveal abilities but also negative aspects
of our method for context inference. We showed that
user behavior could be used to infer the context, thus
both user behavior and context of user actions correlate.
Actually, context affects the user behavior, but could be
backward reconstructed with high accuracy, depending
on the amount of contextual information which we know.

Finally, we discuss our contribution as the accomplish-
ment of previously stated goals:

• Enriching users’ behavior records by context of their
actions. We experimented with user activity logs
which we artificially blurred. We removed some
information on users’ behavior and tried to infer
the missing information. This technique helped us
to empirically prove, that our method for context in-
ference is able to enrich existing information on user
behaviour. Thus we are able to improve the qual-
ity of datasets. Even more, we showed that we are
able to determine user attributes like demographics.
On the other hand, the precision of our approach
for context inference lowers with very high sparsity
in information.

• Understanding relation among context and user be-
havior. We analyzed user behavior to recognize what
is the role of the context. We only presumed that
context has real impact on user behavior. In our
thesis we empirically showed that user behavior is
directly affected by the context. It means that we
could understand a user as a set of personalities
which are changing over time due to current situ-
ation. We also discovered that these personalities
could be mixed is some form of constellation.

• Using the potential of discovered context in recom-
mendation. We experimented with recommendation
which was boosted by inferred context. We used
only simulations of user interest using real datasets
of user actions. We showed that context could be di-
rectly incorporated into the process of interest pre-
diction. In these simulations we empirically prove
that we could improve the precision of the prediction
model. Although the improvement is very mild, we
primarily showed that context should be used when
recommendation is designed.
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Abstract
This work is based on the results published by Hodoň,
2010a, where thorough analysis of all available localiza-
tion techniques with their applicability to the vehicle po-
sitioning was performed. From the analysis made, the
navigation by satellites was defined as the most suitable
and promising technology for the purpose of the vehicle
localization. Although, in last decades, the considerable
improvements relative to the GNSS localization quality
were introduced, provided accuracy is still insufficient for
using in critical Safety-of-Life applications. Even the best
and most expensive GNSS receivers cannot work flaw-
lessly under specific conditions which are associated to
the localization of the moving vehicle. If the GNSS sys-
tems are aimed to be used within the navigation system
of the vehicle, deep analysis of the GNSS system per-
formance and quality has to be performed. Currently,
there is no approved and well-accepted procedure to de-
termine the measurement quality of GNSS receivers. The
novel method for the classification of GNSS receivers has
been therefore introduced. The quality of any GNSS re-
ceiver can be described by the defined mainframe. The
typical errors considered as the most worthy when navi-
gating through GNSS as well as the size of error that is
caused by them are described as well. Different augmen-
tation methods as SBAS (Satellite-Based Augmentation
Systems), A-GPS (Assisted GPS) or D-GPS (Differential
GPS) are applied and examined among different scenar-
ios. Methodology of Dead reckoning (DR) is presented
within the special Inertial Navigation System (INS). The
system is composed of a simple L1 C/A GNSS receiver
taking advantage of SBAS - EGNOS and A-GPS CGEE
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upgrading. By application of Extended Kalman Filter
(EKF), the minimization of position deviations measured
by experimental INS vehicle can be observed. The devel-
oped system can be used as a universal platform for the
dynamic localization accuracy testing.

Categories and Subject Descriptors
B.4.1 [Input/output and data communications]:
Data Communications Devices; B.1.0 [Control struc-
tures and microprogramming]: General; B.8.1 [
Performance and reliability]: Reliability, Testing, and
Fault-Tolerance

Keywords
GNSS, vehicle, localization, navigation, inertial, SBAS,
AGPS, RTK, DGPS, Kalman

1. Introduction
According to the definition in EEA Glossary, vehicle is
any conveyance in or by which people or objects are trans-
ported. It is from Latin ”vehiculum” which is an expres-
sion of transport, carriage or conveyance. It follows that
the term ”vehicle navigation” includes implementation of
vehicle navigation methods in all kind of transport (road,
railway, air, sea, etc.). Regarding an overview of the ba-
sic existing methods as well as related localization systems
which was made by [18] (Table 1), the satellite navigation
technology has been chosen for the purpose of this work.

Satellite navigation uses artificial earth satellites for the
position determination [2]. It provides the global coverage
and its usage is widespread - from the simple monitoring
of vehicles up to the applications of the critical position-
ing operations. As described in [20], as well as in [48],
the localization by GNSS is based on a precise timing
of signals sent by GNSS satellites high above the Earth.
According to a transit time duration of each signal, the
distance of each satellite to the measured position on the
ground is computed. GNSS receiver compares the time
when the signal was sent by the satellite with the time
when the signal was received and from this time differ-
ence the distance between receiver and satellite - range -
is calculated. (1)

ρk = (tr − tek) ∗ c (1)

World-wide GNSS systems can be classified, in general,
into the two generation groups that cover four basic GNSS
systems - GPS, Galileo, GLONASS and COMPASS.
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Table 1: Classification of available navigation
techniques regarding the navigation method

Basic navigation
methods

Complex navigation
system

Dead reckoning Radio navigation
Pilotage Radar navigation
Celestial navigation Satellite navigation

Though GPS and GLONASS are practically exploitable,
Galileo and COMPASS are under the various state of de-
velopment. More info about mentioned systems can be
found in [18], regarding publications of [30], [38] or [3] as
well as web-pages of the single systems operators (IAC,
ESA, NASA,. . . ). By combination of the existing satellite
navigation systems (GPS and GLONASS), with Satellite
Based Augmentation Systems (SBAS) or Ground Based
Augmentation Systems (GBAS) the first generation sys-
tems can be depicted - GNSS-1. The second generation
system - GNSS-2 provides the accuracy and integrity that
is necessary for civil navigation (Galileo, GPS III). It con-
sists of L1 and L2 frequencies for civil use and L5 for
system integrity.

2. GNSS Localization Error Sources
As the GNSS (or another radio) signals propagate from
the Earth Orbit satellite through the atmosphere to the
appropriate receiver, on the ground, they are refracted in
various ways. Generally said, regarding [20] as well as [19],
accuracy of any GNSS system could be as an accuracy
of every common measurement system affected by two
kinds of errors - systematic errors es and random errors
er. Observed value X is then summation of true value T
and accumulated error e divided into two subcomponents
er and es. (2)

X = T + E
er+es

(2)

Systematic errors distort measurement results always in
one way as a bias with tend to be consistently either pos-
itive or negative. They are caused by any factors that
systematically affect measurement of the variable across
the sample. The random error is the fluctuating part of
the overall error that varies from measurement to mea-
surement whereas it is defined as the deviation of the
total error from its mean value.

When considering measurements in 2D as f(x, y), where
x represents determined Latitude and y Longitude, the
range of estimated position results as the function of time
f(t) affected by an absolute error ε(ẽ) ≥ |e − ẽ|, where
ẽ is an approximation of the measurement random error
e, could be described as < ε(ẽ) − δ; ε(ẽ) − δ >, where
d represent the contribution of systematic error. This
could be in general characterized as the circle function
k(S[x,y];d) (Figure 1)[22].

With regards to the previous definition, the difference be-
tween random and systematic error that can occur during
GNSS localization process and can affect its localization
accuracy can be described as in [18].

Regarding [18] as well as the paper [19], following er-
rors are considered as the most worthy when navigating
through GNSS:

• Geometry of the satellite constellation and satellite

Figure 1: Circle interpretation of the static 2D
localization function.

shading - Geometrical alignment of the satellites can
be described as the position of the satellites to each
other from the view of the receiver. To indicate the
quality of the satellite geometry, the DOP values
(dilution of precision) are commonly used:

– GDOP (Geometric Dilution of Precision) - over-
all-accuracy; 3D-coordinates and time.

– PDOP (Positional Dilution of Precision) - po-
sition accuracy; 3D-coordinates.

– HDOP (Horizontal Dilution of Precision) - hor-
izontal accuracy; 2D-coordinates.

– VDOP (Vertical Dilution of Precision) - verti-
cal accuracy; height.

– TDOP (Time Dilution of Precision) - time ac-
curacy; time.

The error caused by bad satellite geometry does not
cause inaccuracies in the estimated position accu-
racy that can be measured in meters but it can am-
plify other inaccuracies, such the multipath, that
are then quite high. In general could be this error
described as (3).

f.s(t+ δt) (3)

• Multipath effect - Multipath is the event when the
GNSS signal arrives at a receiver’s antenna via more
than one different paths whereas it affects both pseu-
dorange and carrier phase measurements. In GNSS
static and kinematic precise positioning, the multi-
path effect is an error source that has to be taken
into account [48]. Regarding [48] as well as [19], it
has to be also mentioned that multipath is a very lo-
calized effect, which depends only on the local envi-
ronment surrounding the antenna. Considering the
direct signals s(t) = Acos(ωt+ φ), where textitA is
the amplitude, w is the angular velocity and f is the
phase; then the indirect signal can be represented as
(4).

Ep = Er ∗DOP (4)

• Atmospheric effect - Atmospheric effect is phenomenon
whereby is GNSS signal degraded when passing lay-
ers of the Earth’s Atmosphere. It is caused by the
different densities of Ionosphere and Troposphere,
which slow down the signal speed and therefore cause
the signal delay. Influence of atmospheric effect can
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Figure 2: Graphical interpretation of the GNSS
error sources and the size of error that they cause.

Table 2: GNSS error sources and the size of error
that they cause

Type of Error Error Size
Atmospheric effects ± 6.0 m
Shifts in the satellite or-
bits

± 2.5 m

Clock errors ± 2.0 m
Multipath effect ± 6.0 m
Rounding errors ± 1.0 m

vary, but in peaks it can cause localization inaccu-
racies for about ±6m [19]. The change of the length
of the signal transmitting path in the medium with
refractivity textitn is shown in [48]. Atmospheric ef-
fect strongly depends on the local environment sur-
rounding of GNSS receiver.

Incidence of the other systematic errors, such Or-
bital error, Receiver clock error and Error caused by
relativistic effects is very infrequent since these er-
rors are caused either by computing errors in control
segment of the system or by the defects in hardware
or software of the single receivers and the preven-
tion of all these complications is secured very well
by the single chip producers or by the system op-
erators keeping the system integrity on very high
level.

Regarding [16]; [17] and [22], in the Table 2 as well
as in the Figure 2, there are summarized all error
sources with the information about the size of errors
that can be caused by them. Resulting error of ca.
± 17.5 meters provides sufficient information about
the GNSS localization accuracy.

3. Introduction of a novel method for the Clas-
sification of GNSS receivers

If the GNSS systems are aimed to be used within the nav-
igation system of the vehicle, deep analysis of the GNSS
system performance and quality has to be performed. As
regarding the basic model of GNSS quality described by
[14] as well as [46], the quality of a GNSS-base vehicle sys-
tem can be described by four main features - Accuracy,
Availability, Reliability and Integrity (Figure 3). From
the general point of view, by including the Availability
into the Reliability item, since the system availability is
a part of system reliability, as well as by the splitting
the Accuracy into the Accuracy and Precision items, the
quality of whole GNSS system can be described according
to the schematic provided by the Figure 4 [22].

Figure 3: GNSS quality.

If the quality of vehicle navigation is going to be de-
scribed, the quality at the User-Side plays the most im-
portant role since the quality of the system side is con-
trolled by the system operators and is for all vehicles con-
stant in time. The User-Side of GNSS system is rep-
resented by the system users, which are in general the
GNSS receivers. Therefore Accuracy and Precision items
can be generally considered as the main characteristics
describing quality of any GNSS receiver. However, since
the quality of GNSS receivers is more complex than to be
described only by two features, regarding [22], as well as
application notes from [42]; [43] and [1]; as well as con-
sidering the basic parameters of every GNSS receiver; the
five key tests that together determine performance of any
GNSS receiver has been defined as following:

• Acquisition and tracking sensitivity;

• Time to first fix and reacquisition time;

• Static navigation accuracy;

• Dynamic navigation accuracy.

These four features should be considered when the quality
of the User-Side of GNSS system is examined. This means
that the quality of any GNSS receiver can be described
by these four characteristics. Beside these, the receiver’s
functionality specifications could represent another pa-
rameter that should be considered upon the receiver’s
quality investigation. This is, however, very specific pa-
rameter applied differently under various specific condi-
tions. It comprises, for example External Antenna Op-
tion, Rugged and/or Water-Resistant Construction, Blue-
tooth and/or GSM Modem Presence, Batteries Capacity,
Ability to Average Positions into a Point, etc.. Hierarchic
description of the GNSS system User-Side Attributes is
provided in the Figure 4.

3.1 Acquisition and tracking sensitivity
Acquisition and tracking sensitivity of GNSS receivers
could be generally characterized by four basic features:

Receive sensitivity - Receive sensitivity [dBm] is in gen-
eral one of the key specifications of any radio. It
indicates how faint an RF signal can be to be suc-
cessfully received and processed by the receiver. The
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Figure 4: Hierarchic description of the GNSS
User-Side attributes.

lower the power level that the receiver can success-
fully process, the more sensitive the GNSS receiver
is. Considering [42], the tracking sensitivity of the
receiver represents the minimal signal power level at
which a GPS receiver will keep the tracking loops
closed, though the acquisition sensitivity represents
the minimum signal power level at which a GPS re-
ceiver can autonomously acquire satellites and cal-
culate a navigation solution. Generally said, the
limiting factor is the receiver’s ability to decode the
Navigation Message from the satellite signal. Even
if the receiver can track a signal, it cannot form a
position without ephemeris data from the Naviga-
tion Message. Acquisition sensitivity of the GNSS
receiver can be then summarized into the two main
conditions:

• ephemeris available from any source,

• ephemeris must be obtained from the satellite
data stream.

For conditions where ephemeris is available, the min-
imum signal level that reaches the Earth is -130dBm.
When an ephemeris has to be decoded, the signal
must be much stronger, the limit is -147 dBm in
the latest release of Sirf III specification. In order
to recover the navigation signal successfully, active
antennas are typically utilized with gains of 20 or
30 dB [7].

Jamming Resistance - Regarding [36], RF interference
(RFI) has been and will continue to be a significant
worry for GNSS users. It can be split into the three
main categories:

• The first category is malicious interference,

• The second category is uninformed interference,

• The third category is accidental interference.

The special external antennas, such as for example
Novatel Gajt Q4 2011, are used to circumvent this
problem. As regarding [15], it is obvious, that inte-
gration of RF filters together with Low Noise Am-
plifiers is assumed for the RF noise minimization.

When considering signal and noise paths through
the front-end, one needs to consider the noise fig-
ure (NF) of the various components in the front-end

[34]. The Carrier-to-Noise Density (C/N0) in [dB-
Hz] as well as Signal-to-Noise Ratio (SNR) in [dBm]
or in [dBW] can be used for describing the strength
of the signals which are the receivers able to track.
Regarding [35]; as well as [27]; bit error rate testing
(BER tesing) is a powerful methodology for end to
end testing of digital transmission systems, since it
provides a measurable and useful indication of the
system performance that can be related to its op-
erational performance. The confidence level (CL) is
the percentage of tests that the system’s true BER
is less than the specified BER. C/N0, SNR and BER
are important quantities when designing, evaluating
and verifying the performance of any GNSS receiver.
Furthermore, regarding [15] as well as [40], parame-
ters of implemented LNA as Gain, Noise Figure and
1 dB Compression Point should be also considered.

Position Update Rate - Every GNSS receiver sends
out the positioning output data within some cer-
tain rate. In general is this rate measured in Hz
and in common receivers is this rate located in 1 -
50 Hz interval. In general as in every measurement
system, the more measurements are made, the more
likely will their average value approximate the true
value. Regarding [44], the ”quality” of the data set
with data points that are less scattered is greater,
since the precision of the result is better. The quan-
titative measure of this precision is given by the
standard deviation. Therefore, as higher is the po-
sitioning and heading output update rate of GNSS
receiver, as better position info is provided to the
final customer. Improved positioning rate enhances
positioning stability, especially in urban areas, by
reducing the position errors around high buildings
and under elevated structures.

Satellites Segregation - Number of parallel satellite-
tracking channels defines the number representing
an amount of channels processed by the receiver si-
multaneously. The receiver has dedicated separate
hardware to receive each satellite that it needs for a
solution. Parallel receivers provide faster signal ac-
quisition and reacquisition as the sequential or mul-
tiplexing ones that are rather capable of tracking the
great amount of satellites but not simultaneously.
In order to obtain a good navigation solution, it is
necessary to operate enough tracking channels in a
GNSS receiver to obtain sufficient satellites in view
to achieve good geometric dilution of precision. Po-
sition accuracy depends generally on two things: the
orientation of the GNSS satellites at a given time
and the accuracy of the GNSS signals themselves.
Regarding [8], the metric defining the orientation
of the satellites is Dilution of Precision (DOP), the
metric defining the accuracy of the satellite signals
is User Range Error (URE). As regarding [49], the
satellite-receiver geometry changes with time due to
the relative motion of the orbiting satellites and the
different satellite-receiver geometries can amplify or
reduce the errors in the positions derived by GNSS.
According to [49], positioning accuracy can be then
estimated as the ranging accuracy multiplied by a
dilution factor that depends solely on the satellite-
receiver geometry. The conventional GNSS satel-
lite selection algorithms are then executed using the
combinations of satellites with the highest elevation
angles selecting the combination with the smallest
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Figure 5: Acquisition and Tracking Sensitivity
Features of GNSS receivers.

GDOP. Though the new satellite constellation slot
definition allows optimization of satellite orbital po-
sitions, fewer satellites oriented optimally are better
than more satellites oriented sub-optimally. From
the measurement taken in [8], it is evident that the
more satellites are available, the better DOP values
are derived but it does not automatically mean that
the accuracy will be higher since some areas of rel-
atively high PDOP (4-5) had very low navigation
error, conversely, some low PDOP data points had
a comparatively high navigation error, meaning the
pseudorange errors are large at those points.

Regarding [31], even where the highest possible num-
ber of satellites is used by the receiver, multipath
effect is still a major limiting factor in achieving
high accuracy solutions. In [31], various methods
for mitigating the effect of multipath interference
on code phase and carrier phase measurements have
been summarized allowing receivers to resolve posi-
tion off-sets by using satellites which have little or
no errors caused by multipath:

• Antenna-Based Techniques;

• Signal-Processing Techniques;

• Measurement-Processing Techniques.

Regarding mentioned, the presence of algorithms
that can allow GNSS receiver to distinguish between
the textitSattelites in View and Satellites in Use at-
tributes is crucial for its quality investigation. The
performance of any GNSS receiver is then charac-
terized by the Number of Tracking Channels (NTC)
as well as by the Number of Acquisition Channels
(NAC) parameters, where the higher values repre-
sents the higher quality of GNSS receiver, while at
the same time NTC < NAC.

In the Figure 5, there are summarized all features regard-
ing the Acquisition and Tracking Sensitivity property of
GNSS receivers.

3.2 Time-To-First-Fix
Time-To-First-Fix [s] (TTFF), as one of GNSS receiver
quality interpreting attributes, represents the time nec-
essary for the acquisition of satellite signal and naviga-
tion data to compute the position solution (fix). In gen-
eral it recognizes three states - Hot Start (HS), when re-
ceiver contains valid almanac and ephemeris data, Warm
Start (WS), when receiver contains valid almanac data
but no ephemeris and Cold Start (CS), when receiver

Figure 6: A-GPS system infrastructure.

doesn’t contain neither almanac nor ephemeris data, while
tHS < tWS < tCS [22]. TTFF parameter is important
mainly in dynamic navigation situations, where just the
short signal lost results to the inaccuracies of about hun-
dreds meters, so the time of signal reacquisition is there-
fore quite critical. Since the vehicle is moving, it obviously
crosses areas with various surrounding conditions and its
positioning algorithms have to be coped with any kind of
situation. Satellite shading or signal lost are states which
occurrence is very frequent. The signal reacquisition time
is therefore one of crucial parameters for localization qual-
ity describing. Various methods could be applicable for
the TTFF shorten, due to the availability and manufac-
turers support, the technology of Assisted GPS has to be
considered for this purpose [24].

Assisted GPS (A-GPS) is an enhancement position loca-
tion method applied to the GNSSs since it is based on
the additional positioning info to the localization process
comprising. This additional information is called Assis-
tance Data and allows the receiver to determine and re-
port its exact location within seconds as opposite to min-
utes when using unassisted GNSS techniques. It employs
data connection to reduce the time required by GNSS
(GPS/EGNOS/GLONASS/. . . ) enabled device to find
its current position (TTFF). GNSS receiver normally re-
quires at least 18-36 seconds in order to obtain the or-
bital data and calculate the first position while under
difficult reception conditions (e.g., in urban areas where
tall buildings block direct sight to the sky) the calcula-
tion of the first position can require minutes to be com-
pleted [45]. In the absence of the orbital data, the GNSS
receiver must carry out a complete search procedure in
order to find the available satellites, download the data
and calculate the position, what is very time demanding
[45]. This time delay is a system-inherent limitation of
GNSS, which could be crucial when the fast moving ve-
hicle is locating. Various aided data integrated into the
GNSS localization process via additional communication
link should be therefore considered. In general, A-GPS
system consists of a network of reference stations that are
constantly monitoring GNSS satellites, a central location
server which distributes assistance information, and A-
GPS capable receivers (Figure 6). To integrate A-GPS, an
integration of interface through which can be the Aiding-
Data received is required at the receiver’s side. Typically,
UART, USB, or CAN interfaces are employed when con-
necting with special data modem, most GPRS module
. In practice, A-GPS is used for overcoming uncertain-
ties associated with signal acquisition in low signal and
degraded signal environments such as tunnels, buildings,
tree alleys, etc. It enhances the receiver’s ability to track
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Figure 7: Simplified schematic of CGEE A-GPS
system based on ATMega8.

low-power GNSS signals and speed up reacquisition time
during the signal lost. Disadvantage of typical A-GPS is
the costs increase - an access to A-GPS reference network
as well as the data transmission via GSM/GPRS network
is obviously charged. Except the traditional A-GPS, an
existence of A-GPS with offline aiding data utilization
is obvious as well. This concept reckon with employ-
ment of external memory, where Client-Generated Ex-
tended Ephemeris (CGEE) data are stored. By utiliza-
tion of this method, ephemeris over at least three days
can be autonomously predicted without any server assis-
tance. With SiRF CGEE technology CGEE-start time of
less than 15 seconds under most conditions can be deliv-
ered without any network assistance. Many of presently
available chips provide A-GPS CGEE support stardandly.
L20 Quectel GPS Engine was chosen as an example for
CGEE implementation. The external 1Mbit EEPROM is
used to store CGEE data generated by SiRF starIV chip
through I2C port. The I2C port is open drain output and
supports up to 400kbps for accessing the EEPROM, the
data line and clock line are internally pulled up to power
supply by 2.2K resistors. When implementing - accessing
EEPROM to store EE data, NMEA protocol mode has
to be switched to OSP protocol mode and input defined
message ”A0 A2 00 03 E8 FD 01 01 E6 B0 B3” has to
be send as the Receiver-Command-Input. To acquire the
data from EEPROM back the command ”A0 A2 00 0A
B2 03 02 04 80 04 25 28 02 5C 01 EA B0 B3” has to be
insert. After finishing the CGEE will be achieved. This
methodology is aplicable even in the real-time positioning
because all operations mentioned last at the baud rate of
115200 bps only 70 ms [37]. By employment of CGEE
together with an external GNSS antenna installed at the
position with the clear skyview, the times of GNSS navi-
gated vehicles required for becoming operational could be
shorten considerably.

For A-GPS performance investigating, the experimental
measurements has been performed measuring TTFF of
traditional GSM based receiver integrated within the com-
mon Android smartphone Samsung GT-S6500 Galaxy Mini
2 comparing to the CGEE supporting GNSS receiver
Quectel L20 implemented together with ATMega8 and
1024kB EEPROM as shown in the Figure 7. Both devices
was being periodically turned on, until the valid GNSS
signal has been captured. The signal LED diode in CGEE
A-GPS device informed about valid data reception, in the
mean time smartphone OS informed about valid data re-
ception by the information message. The time of signal
acquisition was recorded and the devices were then turned
off. After the 5 minutes break was then situation repeated

Figure 8: Comparison of acquisition times be-
tween GSM A-GPS, CGEE A-GPS and common
GPS receiver in the measurement taken in 20th
November 2012.

Figure 9: TTFF and Reacquisition Time Features
of GNSS receivers.

until the 10 measurements were taken. Mesured results
were then compared with data recorded by normal re-
ceiver without A-GPS support (Holux M1000-C). From
the measurement is obvious that both A-GPS techniques
improve the TTFF times by almost the same way. Com-
paring to the common receiver, without A-GPS support,
circa 50% shorten of the TTFF cold start time could be
observed. From the results is evident, that support of
A-GPS technology is one of the key parameters of GNSS
receivers when TTFF performance is considered. Graph-
ical representation of the results is shown in the Figure 8.
In the Figure 9, there are summarized all features related
to the TTFF and Reacquisition Time properties of GNSS
receivers.

3.3 Static Navigation Accuracy
Static Navigation Accuracy of GNSS receivers could be
in general characterized by three basic features:

• Producers’ parameters;

• SBAS support;

• DGPS Support.

When describing the quality of GNSS receiver’s Static
Navigation Accuracy, the distinction between the accu-
racy and precision should be defined and considered. Ac-
curacy is the degree of closeness of an estimate to its true,
but unknown value and the precision is the degree of close-
ness of observations to their means [32]. Accuracy indi-
cates proximity of measurement results to match the true
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value, precision the ability of measurement to be consis-
tently reproduced. By comparison of the accuracy and
precision parameters of the GNSS receivers, the receivers’
performance classification can be introduced as regarding
[22]. Annular comparison can be used to explain differ-
ence between these two terms.

Theorem 1. Let two circle functions k(S[xi, yj ]; δ) and
k′(S′[x′i, y

′
j ]; with δ

′), δ′ ⊆ δ, first representing whole range
of values (k), second the specific situation (k’) of GNSS
receiver will be defined. Following cases related to the po-
sition estimating could arise:

A) HAHP - High Accuracy, High Precision, when
S ≈ S′ ∧ δ � δ′,

B) LAHP - Low Accuracy, High Precision, when
S 6= S′ ∧ δ � δ′,

C) HALP - High Accuracy, Low Precision, when
S ≈ S′ ∧ δ ≥ δ′,

D) LALP - High Accuracy, Low Precision, when
S 6= S′ ∧ δ ≥ δ′.

These states could be in practical realization described
by scatter plots, which can be provided either by GNSS
chips’ manufacturers or measured in practical experiments.
Scatter plot is defined as the dispersion of estimated po-
sitions logged over specified time period scattered due to
measurement errors over an area which is called confi-
dence region. Confidence region is analyzed to quantify
the GNSS performance statistically. The confidence re-
gion with a characteristic radius describes the probability
that the solution will be traced within the specified accu-
racy. Manufacturers represent this (in 2D positioning) by
two features supplied together with receivers’ documen-
tation:

• Distance Root Mean Square (DRMS) - The square
root of the average of the squared horizontal/vertical
position errors (HRMS/VRMS),

• Circular Error Probability (CEP) - The radius of
circle centered at the true position, containing the
position estimate with probability of 50%.

For the investigation of the weight of these parameters in
the frame of the GNSS receiver localization accuracy and
precision, 27 hours remained experimental measurement
of static localization accuracy was realized in the period
of 13.-14.7.2010 in Žilina [20]. As a reference was used
the ETRS89 (The European Terrestrial Reference Sys-
tem 1989) geodetic point 2631ZA-1006 located on the top
of the hill, above the all housing developments, without
any barriers that could block clear view on the sky. The
inaccuracies occurred during measurement can be seen in
the Figure 10, where the scatter plot of measured val-
ues is depicted. When the analysis of measured results
was performed, first five positions measured were disre-
garded due to the TTFF considerations defined by the re-
ceiver’s chip manufacturer [6] since the deviations brought
along the first measured points were quite high. This was
caused by the wrong algorithms implemented within the
GNSS receiver regarding the ”Satellites in Use” param-
eter. Regarding [14], Mahalonobis Distance Algorithm

Figure 10: Scatter plot of measured positions.

Figure 11: Scatter plot of measured positions.

can be used for identifying different patterns within re-
lated datasets, by analyzing the similarity of unknown
samples from one dataset to a known one since it takes
into account the correlations of the entire dataset. From
the measurement is also obvious that DRMS and CEP
parameters defined in specification of utilized GNSS re-
ceiver chip (DRMSspec. ∼ 3m;CEPspec. < 3m) [6] did
not report the receiver’s quality properly. Although inves-
tigated dispersion of estimated positions was even better
than referenced values (DRMSinv. ∼ 1.8m;CEPinv. ∼
1.5m) determined position were shifted (Modus V alue ∼
6.7m;Mean V alue ∼ 6.2m) according to the real posi-
tion of the reference point where the measurement was
taken. What is important is that this shift is much higher
than defined DRMS radius, so the position values are out
of range. The shift is shown in the Figure 11 and it could
be represented as DRMS(S[x, y])→ DRMS′[x+ w, y +
h], where w, h comprise uncertainty due to the systematic
error.

Regarding [50] and [16], as well as previous measurement,
the latency of signal arrival caused by the effect of at-
mosphere can cause inaccuracies that can be measured in
meters. This effect occurs when the satellite signal passes
through the Earth’s layers Troposphere and Ionosphere,
where it is delayed. This time delay may cause errors in
calculating of the exact time and position. Satellite-based
Augmentation Systems (SBAS) have been therefore intro-
duced to minimize an influence of this effect. With the
implementation of SBAS, it is possible to set up ”maps”
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of the atmospheric conditions over different regions. By
sending of the data corrections to the receivers, the qual-
ity of the localization process can be enhanced consid-
erably. SBAS provide simple, inexpensive and powerful
means for suppressing consequences of this effect. SBAS
is in essence a kind of DGPS (Differential GPS) with such
no limitation in correction broadcasting. It uses a mul-
tiple network of fixed, ground-based reference stations to
broadcast the differences between the positions indicated
by the satellite systems and the known fixed positions
to increase the positioning accuracy. It consists of the
space segment which is made of the satellites and of the
ground segment which is made of the network of reference
stations so it can cover and operate over quite large area.
Ground stations transmit Atmospheric corrections and in-
tegrity information through geosynchronous communica-
tions satellites directly to the user, so it supports wide-
area augmentation through the use of additional satellite-
broadcast messages. As regarding [29], the most impor-
tant feature of the SBAS systems for common GNSS users
are the Ionospheric corrections served as the IONO cor-
rection grid that is purveyed by the single SBAS. This grid
is computed from the data measured in Ionosphere as a
”map” of Total Electron Content (TEC) and it provides
information about conditions within this layer [17]. There
are several SBAS systems available over the world with
various degree of coverage, including from the 1.10.2009
also the European Geostationary Navigation Overlay Ser-
vice (EGNOS). EGNOS consists of the transponders sys-
tem, placed on the three geostationary satellites; from
the network of circa 40 ground stations (Ranging and In-
tegrity Monitoring Stations - RIMS); from the four master
control centers (Gatwick (Great Britain), Langen (Ger-
many), Torrejon (Spain) and Fucino (Italy)) and from the
six up-link stations [10]. The Open Service of EGNOS is
provided free of charge, so all of the GNSS chips with inte-
grated EGNOS support should provide better localization
accuracy after the initiation of this service.

For investigation of the GNSS accuracy together with the
open EGNOS Service application was chosen the chip Me-
diaTek MT3329 implemented in Holux M-1000C GPS re-
ceiver. It was the same receiver as used in the TTFF
measurements. MT3329 integrates, for achieving the best
GPS receiving performance, a CMOS RF down-conversion
circuitry, a base-band signal processing engine and it can
track up to 66 satellites. It also provides a very good
sensitivity on a receiving satellite signal, up to -165dBm.
Embedded WAAS/EGNOS demodulator, which is by de-
fault disabled, allows using DGPS - SBAS mode without
any additional hardware. With orbit satellites it commu-
nicates through C/A code (Coarse/Acquisition code) on
a single frequency (L1 = 1575.42MHz) and with control
devices through the protocol NMEA 0183 (V3.01). Mea-
sure method was based on an adequate amount of posi-
tion measures made on the known static reference point,
and on the differences between sizes of the errors acquired
during the measurements with EGNOS support enabled
and disabled analysis. Measurement was taken on 23rd
February 2010 in a time period from 09:00 AM to 12:00
AM. During this time it was stable weather, +7 ◦C, half-
cloudy (circa 25% cloud amount), atmospheric pressure
100kPa and no precipitation (measured by Slovak Hy-
drometeorological Institute). GNSS receiver was fixed on
a reference point position, which was clearly determined
due to the unequivocal geodetic sign. Then it started to
perform localization process in that way, that first 2 hours

Figure 12: Control of GNSS receiver through
NMEA 0183 via USB.

Table 3: The structure of applied commands for
turning the EGNOS on
$PMTK301, mode $PMTK001, cmd, flag
301 - PMTK API Set
Dgps Mode (GPS cor-
rection data source
mode)

001 - PMTK ACK (Ac-
knowledge of PMTK com-
mand)

N/A cmd - The command
(packed) type acknowledge
respond

mode (DGPS data
source mode): 0,1,2

flag (DGPS data source
mode):0,1,2,3

was the SBAS mode disabled and next 2 hours was the
SBAS mode enabled. Since the receiver was connected
via USB interface to the laptop computer too, the po-
sition measures could be stored beside its own memory
also in that, provided by the computer. Moreover, the
control of GNSS receiver functioning was performed via
USB interface as well. The NMEA 0183 communication
standard was used for this purpose (Figure 12).

Within the measurement, GPGGA NMEA 0183 message
was used for the recorded data analysis, since it com-
prises info about measured latitude and longitude sepa-
rately. At GPGGA frequency of 1Hz circa 14400 mea-
surements were performed, for each case 7200. For turn-
ing WAAS/EGNOS support on, NMEA 0183 input com-
mand for MTK chips ”$PMTK301,2” was sent via serial
protocol, correctness of an executed task was confirmed by
the response ”$PMTK001,301,3”. Structure of the used
commands is shown in the Table 3.

After the measurement finishing followed by the analy-
sis of all measured data from the device log, an impact
of the EGNOS support on the accuracy of GNSS local-
ization can be seen in the Figure 13. From the pictures
is evident that, by applying of the EGNOS service was
the quality of GNSS localization increased since the sys-
tematic error occurred within the first measurement was
minimized, though not fully surpressed. This improve-
ment can be seen on the differences between arithmetic
means and variances computed from the single data ac-
quired during the measurements (Table 4 and Table 5).

During localization with EGNOS support it must be con-
sidered that reading of the information from EGNOS satel-
lites takes obviously several minutes, data has no long life-
time period and the battery usage is higher. Its correct
operations are also conditioned by the clear view on the
geostationary satellites, in our case a clear view on the
South was crucial, and simultaneously the minimum of 4
GNSS satellites have to be tracked. If it is visible less
than 5 GNSS satellites (1 EGNOS + 4 GNSS), GNSS
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Figure 13: Measured coordinates with EGNOS
support disabled/enabled.

Table 4: Expected values of coordinates con-
fronted with reference coordinates.

Latitude Longiitude
Reference point 49◦12′22.000” 18◦45′28.0000”
EGNOS disabled 49◦12′22.1796” 18◦45′28.1484”
EGNOS enabled 49◦12′22.0896” 18◦45′28.0944”

receiver has not enough information for the SBAS cor-
rections application. In spite of this, using of EGNOS
service provides considerable improvement of the local-
ization quality.

Differential GPS (DGPS) is another method that can be
applicable as the GNSS localization enhancement tech-
nique. The underlying premise of this technique is that
any two receivers that are relatively close together will
experience similar atmospheric errors. It uses a multi-
ple network of fixed, ground-based reference stations to
broadcast the differences between the positions indicated
by the satellite systems and the known fixed positions to
increase the localization accuracy. It involves the cooper-
ation of minimally two receivers; one that is stationary -
base station, and another that is performing the measure-
ments - rover [18]. The stationary receiver must contain
the precisely determined coordinates because it is func-
tioning as a key. It collects data from all visible satellites
and compares them with predicted satellite ranges. The
difference is the satellite range error, which is then con-

Table 5: Improvement of the total variance influ-
enced by EGNOS service.

Receiver State Variance
EGNOS disabled 2.41476 E-08”
EGNOS enabled 0.10484 E-08”
Improvement 2.30992 E-08”

verted to correction signals for use by a roving receiver.
This correction may be done real-time or afterward as the
Post Processing DGPS and it can improve localization ac-
curacy up to cm level. DGPS requires raw data measured
from separate receivers to be combined into a single range
difference. For Real Time Kinematic (RTK) data collec-
tion, the raw data can be broadcasted using a radio link
or cell phones and the differential solution is solved in
real time. RTK is a technique used especially in a land
survey based on the use of carrier phase measurements of
the GNSS signals where a single reference station provides
the real-time corrections. By this method an existence of
an amount of reference stations where correction data are
computed is assumed. Correction values or corrected ob-
servations are then transmitted to the user side presented
by GNSS receiver by using a suitable medium, mostly the
mobile communication networks (GSM/GPRS) in bands
(450), 900 and 1800 MHz according to the RTCM SC
104 standards. Compensation for the determined pseu-
doranges to correct the calculated position is performed
at the user side where an existence of additional hard-
ware, mostly UHF or GSM/GPRS modem, is assumed.
According to the implemented communication standard,
an access either to the single or to the multiple reference
RTK stations could be envisaged. Multiple reference RTK
stations are considered as a natural extension of just the
pure single reference station application. Although there
may exist cases when solution provided by single reference
station is better than the network solution. The network
solution is generally more likely to accurately represent
the errors over the region because of the additional infor-
mation gained from combining the data from all reference
stations [33].

One of the key parameters of the DGPS-RTK technique
is an ability of the receiver to connect to the appropriate
RTK network and get the fixed solution - RTK initializa-
tion time. Since only when the DGPS solution is marked
as a fixed in time, only then is the derived RMS guaran-
teed by the service provider. However, in real scenarios
very often happens that communication among receiver
and RTK network is somehow disturbed or even can-
celled. Reconnection and initialization times are therefore
very important when the GNSS system performance with
respect to the requirements of designated application is
quantified. Therefore, in [25], an experimental measure-
ment was performed investigating the time needed to get
the Position Fixed Solution using DGPS services from the
two Austrian RTK networks NETFOCUS and EPOSA.
NETFOCUS is operated by EVN (Energier Versorgung
Niederösterreich) with 12 permanent reference stations
place among the area of Lower Austria. Measurement
was performed by utilization of two different L2 GNSS
receivers - Ashtec Mobile Mapper 100 and Ashtec Pro-
Mark 500. Measurement scenario was set up on the roof
of the TU Vienna building in the center of Vienna city in
Austria. Receiver was placed on the pillar No. 11 close
to the roof which obstructed the measurements to get a
better picture under ”real conditions”. Some results from
the six test measurements taken with the Ashtec Pro-
Mark 500 are provided in the Figure 14. From the figure
is obvious that any a priori data were missing in the first
measurement taken. After the comparison of RTK Initial-
ization Times among the all graphs, the similarity of the
time durations since getting connected until getting fixed
was noticed. Excluding the first measurement, the initial
HRMS value was constant to ca. 20 cm among the next



38 Hodon, M.: On board localization technologies for vehicle positioning

Figure 14: Initiazation of Ashtec ProMark 500
within EVN network.

Figure 15: Static Navigation Accuracy Features
of GNSS receivers.

five measurements. So it could be assumed that the lat-
est available RTK data were used as the a priori values in
the next measurement after the connection cut-off. Con-
tribution of the a priori data to the initialization times
speed-up were not observed. It could be assumed that all
measurements behave by the same way - they reached a
fixed solution determined from a priori value with a peak
deviation in the state before. In further measurements,
an exploration of possibility to get a fixed solution by only
the internal antenna was performed. Measurement should
show the length of initialization times for the EVN and
for the EPOSA networks separately. Within this measure-
ment no external antenna was used. The receiver Ashtec
Mobile Mapper 100 was used for this purpose. Three
measurements for each network were taken with no fixed
solutions reached. Each measurement was therefore bro-
ken after 5 minutes.

From the measurements taken is obvious, that the qual-
ity of GNSS receivers can be measured also according to
the length of DGPS RTK initialization times. This in-
formation is however provided neither by the GNSS chips
manufacturers nor by the DGPS networks operators. It is
also important to notice that external antenna is needed
when performing RTK localization in slightly shaded real
scenario.

In the Figure 15, there are summarized all features related
to the Static Navigation Accuracy properties of GNSS
receivers.

Figure 16: Tested track supplied with various
physical conditions.

3.4 Dynamic Navigation Accuracy
Dynamic navigation accuracy can be in general described
by the same features as the static navigation accuracy
supplied with the parameters of receiver’s surroundings
emphasizing. Regarding [19], when it is considered the lo-
calization accuracy of moving objects (vehicles) the most
important positioning parameters are physical influences
of GNSS surveying. There are included systematic errors
occurred within a range of GNSS receiver which are for
different areas unique - Atmospheric effects, Multipath,
Satellite shading. Since when the vehicle is moving, it ob-
viously crosses areas with various surrounding conditions
and its localization algorithms have to be coped with any
kind of situation, e.g. barriers that could block clear view
on the sky; passing over urban areas; occurrence of some
unpredictable states of Atmosphere; etc.. Regarding the
classification of the GNSS localization errors as mentioned
in previous chapters, these systematic errors are also the
sources of the highest localization inaccuracies.

For investigation of the impact of mentioned physical pa-
rameters on the localization accuracy as well as of their
dependencies on the environment surrounding of GNSS
antenna, a special tested track has been introduced. Se-
lected area was located in Slovakia, in the town Žilina,
and it was comprised from the parts ”Solinky”, ”Univer-
sity of Žilina”, ”Žilinský lesopark” and ”Bytčica”. On the
selected area was for the examination of impact of the
surroundings parameters projected a tested track, which
was divided into three parts - Urban Area, Tree Area and
Vision Area (Figure 16). Urban Area was appointed for
the analysis of multipath effect. It is located in the hous-
ing estate ”Solinky” and it consists from several blocks of
flats including also some higher buildings (30m). For the
signal shading investigation was appointed the Tree Area
located in the city wood ”Chrast’”. It is the road that
going through the forest and that is bounded by various,
sometimes also about 40m high, trees that could block
the GNSS signal. Vision Area is in point of fact the road
between the city side ”Bytčica” and the village ”Rosina”.
It is located in the top of the hill, above all housing de-
velopment with the clear view on the sky so it is ideal for
estimation of the atmospheric effects. Projected track is
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Figure 17: Measured results of measurement
taken in 6th - 9th June 2010 / Latitude time be-
havior.

circa 6.3 km long, so for the steady move with the aver-
age speed of 5 km/h it is possible to go through in about
1.5h. To investigate the influence of the physical param-
eters of environment to the dynamic GNSS localization
accuracy of a moving object, four experimental measure-
ments were taken within this test track. The measure-
ments wre taken in four 24-hours intervals in the time
period of 6th - 9th June 2010 with the starting of local-
ization data recording every day always at 13:00 ±1 min.
For the simulation of the vehicle movement, the move-
ment of a human with GNSS logger fixed into its belt
was employed. After data logging started, the movement
across the tested track started as well. As a measurement
unit was chosen chip MediaTek MT3329 implemented in
Holux M-1000C GPS receiver as usually. Except its high
sensitivity, the possibility of the data recording into its
4MB embedded memory making almost 200 000 records
possible was taken the advantage of too.

In every test run, the average speed of the ”vehicle”was ca.
5 km/h and the track was finished in ±1.5h as expected.
Tropospheric conditions were during the measurement al-
most the same with approximately homogenous weather,
half-cloudy, with the temperature of +25 ◦C and atmo-
spheric pressure ca. 1012 hPa. The measured result can
be seen in the Figure 17. From the measurement results
as shown in the Figure 17 is obvious that multipath effect
and also the satellite shading interfered localization accu-
racy minimally since no significant changes between the
movement across the Tree and Urban area were noticed
and the size of deviations were almost same within all
days for about ±1m in average. Considering the multi-
path effect, this happened probably because of the choice
of unsuitable area for multipath testing. When comparing
with urban areas in big cities (New York, Hong Kong,. . . ),
our was not overfilled with such high buildings so it can
be assumed that the intelligent algorithms implemented
in the control firmware of GNSS receiver handled these
slight inaccuracies easily. As for the satellite shading,
the trees were not so big obstructions because during the
movement across the Tree Area, there were not recog-
nized any significant satellite losses. It could be said, that
during whole measurement it was used sufficient amount
of satellites with very good DOP values (average HDOP
of every satellite was 1.2) independently on the area of
moving through. However, very important is that the
space segment of the GPS consists at the present time of
the boundary amount of satellites which can be increased
only by the frequency change. This means that in every
time in every location on the Earth at least 8 GPS satel-

lites can be seen without considering the satellites from
other systems. The differences between Satellites in Use
and Satellites in View should be recalled here. In the
time of the measurement neither Galileo nor GLONASS
CDMA satellites were in use, so only the GPS satellites
were applied. It could be also assumed, that algorithms
integrated within the receiver can manage localization in
lightly shaded areas without any big problems. There-
fore, since no significant changes were noticed under the
receiver’s movement across the differently obstructed ar-
eas, the impact of atmospheric effect was assumed as the
main source of the measurement inaccuracies. From the
results can be also seen, that the tracks carried between
8th and 10th June are almost identical and they overlap
each other. But the track carried on 7th June (blue line)
is different. This was because of the distribution of TEC
(Total Electronic Content) values measured by ESA in
6th-10th June 2010, where very poor conditions in Iono-
sphere on 7th June between 12:00 - 16:00 were observed.
It could be then assumed that measurement taken on 7th
June is such different because its localization process was
disturbed by some significant change in Atmosphere (e.g.
Solar Flare) which resulted to the GNSS signal delay. In-
fluence of other systematic errors, such clock errors, rel-
ativistic effects and rounding errors, was eliminated by
using of the unique GNSS receiver. The occurrence of
orbital errors was eliminated because of the 24-hour peri-
odicity of the measurement since the constellation of GPS
satellites is the same after every 24 hours. What is really
interesting is that this inaccuracy caused the prolonga-
tion of the track from 6.3 km to 8.6 km (!) as well as
the acceleration of the average speed from 5 km/h to 6
km/h, whereas maximum determined speed was 44 km/h
(!). These results would be very critical when considering
SoL applications.

The previous measurements showed, also regarding [39],
that if high quality, dual frequency GPS/GLONASS re-
ceivers and antennas are used in a differential mode
(DGPS), taking advantage of both, pseudorange and car-
rier phase observables, localization accuracy in cm level
can be reached. The question however was, how good is
the performance of RTK in real conditions of a difficult
environment. To analyze systematic effects such as mul-
tipath and related effects a measurement test-drive was
performed in the urban area of Vienna city in Austria.
The main aim of measurement was to investigate the per-
formance of GNSS precise positioning technique applied
to the localization of a moving object in difficult envi-
ronment where the satellite signals were weaken by sur-
rounding buildings. The test track within this experiment
was however chosen to pass differently obstructed areas
in the urban zone of Vienna consisted either of highly
obstructed areas where critical satellite shading and mul-
tipath were expected or, on the other hand, of the roads
with almost no obstacles that could block or somehow af-
fect the satellite signal. This should allow to analyze the
ratio of signal losses according to periods with fixed phase
solutions. Except this, an impact of the vehicle’s speed,
multipath and other related effects on the RTK engine
solution performance with emphasizing the environment
where the measurement was being performed, could be
investigated.

For this purpose, the measurement system consisted of
the moving vehicle equipped with Topcon’s GR-3 receiver
and FC-250 field controller was introduced. Since the
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Figure 18: Number of utilized satellites recorded
during the measurement taken on 21st of June
2011.

receiver was able to track also the GLONASS FDMA
satellites, the number of Satellites in Use should be as
highest as possible. Positioning corrections in a real time
were gained through the access to Austrian nationwide
implemented RTK network EPOSA (Echtzeit Position-
ierung Austria) as in measurements before. The measure-
ments taken at rover side were raw GPS and GLONASS
observations adjusted via GPRS, 10Hz RTK service in
RTCM 2.3 format with guaranteed cm localization accu-
racy during periods with fixed phase solutions. As it was
already mentioned, the test track was chosen to pass dif-
ferently obstructed areas in downtown Vienna. For bet-
ter investigation of multipath effect, a drive in urban area
of Vienna-Neubau was continuously repeated for circa 1
hour. Neubau is a heavily populated urban district, with
a huge shopping area and residential buildings where the
signal cancellation should be quite high.

Test drive was performed on 21st of June 2011 in 11:48
- 14:00 time period. From the test drive lasting about
2-hours, 6750 RTK positions as well as raw data files for
post processing were gained. Due to problems with fixed
solution acquiring, measurement was split into 2 phases
each lasting ca. 1 hour. Tested vehicle was moving in a
full traffic with an average speed of about 18 km/h, with
the reached max speed 59 km/h. The distance of 39.6 km
was completed in 1h 40 min with 29 minutes of stopped
time. In the Figure 18 can be seen that the number of
employed satellites during the measurement was circa 5
in average. This means that those satellites which were
evaluated by GNSS receiver’s algorithms as wrong for the
localization process were filtered and disregarded. From
the Figure 18 is also obvious that the number of used
satellites was at the beginning, where upon the vehicle
halt the fixed solution was acquired, quite high. Then
after the movement started, receiver’s algorithm blocked
satellites predisposed to be affected by multipath. In the
Figure 19, the horizontal accuracy observed during the
measurement can be seen. From the figure is evident that
number of satellites in use is not critical when RTK po-
sitioning is performed since the HRMS deviations values
were quite volatile and no correlations between HRMS
and Satellites in Use were observed. From the measure-
ment is also obvious, that measured HRMS was good only
until the time when the fixed solution was lost. After that,
it was impossible to get the fixed solution again until the
vehicle stopped for a longer time. It could be therefore as-
sumed, that when the movement of vehicle is considered,
once is the fixed solution lost, accuracy will improve back
very slowly. In the Figure 20, the number of acquired fixed
solutions during the measurement can be seen. From the

Figure 19: Horizontal RMS recorded during the
measurement taken on 21st of June 2011.

Figure 20: RTK solutions observed during the
measurement taken on on 21st of June 2011.

figure is obvious that fixed solutions were acquired only
two times. This was done only when the vehicle stopped
for more than 3 minutes even at the place where no mul-
tipath was expected. Afterwards, when the movement
started once again, the accuracy got worse until the fixed
solution was fully lost. It could be therefore assumed that
fixed solution strongly depends on the vehicle’s movement
together with the clear view on the sky. Summary of the
all measurement results displayed in one graph is pro-
vided in the figure below. Correlations between vehicle’s
speed and RTK solution acquiring were during the mea-
surement not observed. However, strong difficulties of
fixed solution for a moving object in urban area acquiring
were observed. From the measurement could be then con-
cluded, that utilization of even the best GNSS receiver is
for the vehicle movement within shaded city areas without
additional sensors integration unsuitable. GNSS localiza-
tion works correctly only when at least four satellites are
within the receiver’s line-of-sight. In many application
scenarious such as in urban environments, in tunnels or
in underground parking garages the view to the sky is ob-
structed. Integration of so-called augmentation methods
is assumed to allow the receiver handle these situations
[23].

Summary of the all measurement results displayed in one
graph is provided in the Figure 21.

As regarding [21], dead reckoning (DR) provides relatively
inexpensive way of GNSS augmentation. At the signal
lost, it allows a vehicle by combining its speed and di-
rection to continue its location estimating. The location
calculated by dead reckoning usually become less accu-
rate the longer is vehicle without GNSS signal since the
displacement and heading errors accumulate over time.
As regarding [26], methodology of Dead Reckonong is the
base for the so-called Inertial Navigation. With regards
to the definition in [47], the inertial navigation is a self-
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Figure 21: All measured results of taken measure-
ment taken on 21st of June 2011 in one graphr.

contained navigation technique in which measurements
provided by accelerometers and gyroscopes are used to
track the position and orientation of an object relative
to a known starting point, orientation and velocity. In-
ertial measurement units typically contain three orthogo-
nal rate-gyroscopes and three orthogonal accelerometers,
measuring angular velocity and linear acceleration respec-
tively [47]. By processing signals from these devices it is
possible to track the position and orientation of a device.
In order to achieve optimal dead reckoning performance,
the GNSS and sensor measurements are combined using a
tightly-coupled extended Kalman filter allowing for con-
tinuous and automatic calibration of unknown sensor pa-
rameters, such as bias and scaling factor of the gyroscope
and the scaling factor for the wheel ticks representing the
wheel’s radius [41].

Variety of sensor techniques is used for detection of dis-
tance travelled. Odometer as well as wheel sensors can
provide this information. Besides distance, the direction
information is also necessary to be extrapolated from the
travelled route. The gyroscopes are used for this pur-
pose. MEMS gyroscopes are small sized providing good
performance and are relatively inexpensive. In addition,
a technique known as map matching can be used. Based
on an actual position on the map, accumulated position
and heading error can be mitigated by special applica-
tion software. The quality of utilized map plays in any
case the crucial role. As regarding [11], an approach of
using the Dead Reckoning solution based on both GNSS
and sensor measurements simultaneously together with
map matching delivers the best result in urban environ-
ments where a wide range of signal conditions can be ex-
pected. The variations of Kalman filter algorithms are
usually programmed in the GNSS chip to determine ve-
hicle location based on weighted averages of multiple sen-
sor data input provided by the GNSS receiver, wheel-ticks
and gyroscope sensors [9]; [13]; [5]. Extended (EKF) and
Unscented (UKF) Kalman Filters for nonlinear state esti-
mation are utilized as the basics for these variations [12].
The output of the filter is an estimated position that lies
in-between the predicted and measured values. Reached
result is far more accurate than if just the single methods
are used alone. This process is repeated iteratively, with
the new estimate used in the succeeding calculation [28].
The measurements from the vehicle sensors are constantly
calibrated during the periods of good GNSS signal recep-
tion. If situation with no or bad GNSS signal comes then
up, GNSS continues to provide a quite accurate location
based on the vehicle sensors’ inputs.

Figure 22: Hall Effect sensor design / simplified.

Though by integration of GNSS receivers into the INS sys-
tem quite minimization of these errors could be achieved,
extra-accurate navigation of moving object could be
reached only by integration of other sensors based on
different principles to avoid errors cumulating. When
wheeled vehicles are taken into consideration, wheel-tick
encoders supplied as a part of vehicle INS could serve this
purpose. Different sensing methods are utilized in prac-
tice; following examples have been developed within the
scope of this work [26].

• Reflective Optical Sensor with Transistor Output;

• Photo Interrupter;

• Hall-Effect based Sensor.

Since the photo sensors has been for practical use un-
suitable, methodology of magnetic sensing has been in-
troduced as an alternative. The digital Hall effect sensor
was chosen as the base for the new INS sensor prototype.
From the variety of products, Honeywell SS449R unipo-
lar sensor with fast switching response about 1.5µs has
been selected for this purpose. The sensor is operated
by the magnetic field from a permanent magnet or an
electromagnet designed to respond to a south single pole.
Unipolar sensor was chosen due to the minimization of
wheel slip influence on the INS accuracy. The simplified
schematic of the sensing unit design is shown in the Figure
22. An open-collector NPN Transistor operates in its sat-
urated region as a NPN sink switch which shorts the out-
put terminal to ground whenever the applied flux density
is higher than that when south pole is detected providing a
push-pull output configuration that can sink enough cur-
rent to directly drive microcontroller. The special coding
wheel supplied with south-pole oriented magnets placed
across its circumference will be delivered together with
sensor to assure the proper functioning of the INS sen-
sor. Since the communication within the whole INS is
planned to be assured by CAN bus (Controller Area Net-
work) utilization, proprietary microcontroller (MCU) has
been chosen as the main control unit of the INS sensor.
MC9S08DZ60MLF MCU provides sufficient solution inte-
grating Freescale controller area network (MSCAN), with
40-MHz HCS08 CPU, 60kB flash and 4kB RAM. As the
interface between a CAN protocol controller and the phys-
ical bus, PCA82C250 has been used for this purpose. The
device provides differential transmit capability to the bus
and differential receive capability to the CAN controller.

The sensor is the base for an experimental vehicle, which
was developed in further steps. The vehicle will serve the
purpose of testing platform for the GNSS receivers’ qual-
ity investigation. The vehicle should be able to perform
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autonomous continual movement with very precise navi-
gation output. Assisted technologies as A-GPS as well as
SBAS integrated together with dead reckoning will allow
very precise navigation when moving even across shielded
areas. Integration of very precise etalon map is, how-
ever, assumed to be used for this purpose. The vehicle
was constructed onto the squared, Aluminum chassis, us-
ing motors from accu-screwdrivers Asist H211-036i with
max torsional moment ca. 250 min-1 with the epicycli-
cal gear case included. Eight cylindrical magnets were
placed and fixed evenly along the circumference of ev-
ery wheel. This amount was sufficient for the purpose
of our testing, however, utilization of special polarized
magnetic stripes as used in ABS is assumed in the fu-
ture. Since utilization of four separate DC motors has
been assumed, the special quadruple high-power motor
driver using VNH2SP30 motor driver integrated circuits
from ST has been developed. The driver board combines
most of the components of the typical application dia-
gram regarding VNH2SP30 datasheet, including pull-up
and current-limiting resistors and a FET for reverse bat-
tery protection. The VNH3SP30 is rated for up to 30A
but is limited to about 9A maximum current without a
heatsink. The motor controller supports forward, reverse,
brake to ground, brake to Vcc and coast states. The
speeds of the single motors can be controlled in all possi-
ble conditions by the microcontroller PWM (Pulse-width
modulation) up to kHz.

For investigation of the experimental vehicle functioning,
five experimental measurements each lasting about 1 hour
have been taken in the ”Vision Area” of tested track in-
troduced in [19] on 29th March 2013. The vehicle was set
up to the starting point after the all four wheels synchro-
nized by performing of four turns tick over. Then after
the GNSS receiver obtained the valid data from satellites,
movement of the vehicle started. Since the variance of
the error sizes had to be investigated, vehicle movement
was performed across the constant track, defined by the
constant values recorded to the main control unit of ve-
hicle. So no mapping data has been used at the vehicle
side. As the main control unit of the vehicle, Freescale
demo board DEMO9S08DZ60 was integrated. Freescale
board was used just like an interface between INS and
personal computer where the GNSS receiver was assem-
bled. During the measurement, the control board was
collecting data from the sensors via CAN bus and sub-
sequently transferring them to the laptop PC via serial
interface. Wheel turns were sampled every 1 ms at 1 kHz
rate using timer/counter interrupt of the microcontroller.
GNSS measured positions were recorded into the inter-
nal memory of receiver at 1 Hz rate. Holux M-1000C
was used for this purpose. No external antenna was used
during the measurement. The vehicle was moving with
constant speed always set to ca. 1.5 km/h by all four
PWM channels of control microcontrolles.

The measurement results can be seen in the Figure 23
where the longitude time bahavior is depicted. The note-
worthy improvement can be observed after the implemen-
tation of sensor fusion performed by using of an easy-to-
implement Matlab function of Extended Kalman Filter
for GPS published by [4] in post-processing. Since the
movement within Easting direction was performed, longi-
tude values became after the data filtration almost con-
stant. It should be however mentioned, that the presence
of an exact localization data is without RTK utilization

Figure 23: Measured longitude at the receiver’s
side from the measurement taken in 29th March
2013 / before and after application of EKF.

or without some etalon track map application impossible
to prove. We can just prove that minimization of posi-
tion deviations can be reached when using the vehicle’s
wheels for the track determination. Regarding the results
reached within this work, the concept of the inertial navi-
gation system, integrating CGEE A-GPS, SBAS EGNOS
as well as RTK support has been introduced as the final
outcome of this work (Figure 24). By integration of this
system, the testing of the performance of various GNSS
receivers when executing a dynamic movement under var-
ious environmental conditions can be done. The system
is based on the developed INS platform and it defines the
main control unit of the system based on 100 MHz ARM
Cortex-M4 core MCU MK20DN512ZVLK1 with DSP in-
structions delivering 1.25 Dhrystone MIPS per MHz, pro-
gram memory size of 512 KB and RAM memory size
of 128 KB. The MCU peripherals include 10 low-power
modes to provide power optimization based on applica-
tion requirements, memory protection unit with multi-
master protection, 16-channel DMA controller, support-
ing up to 64 request sources, external as well as software
watchdog monitor and low-leakage wakeup unit. What is
very important, the MCU includes eight-channel motor
control/general purpose/PWM timer as well as the pe-
riodic interrupt timer necessary for the motor control of
the vehicle. Broad number of communication interfaces,
including USB full-/low-speed On-the-Go controller with
on-chip transceiver, two CAN modules, two SPI modules,
two I2C modules, four UART modules and I2S module,
allowing integration of other supporting sensors.

The Quectel L20 L1 band GNSS receiver has been chosen
as the GNSS engine module of the system. It comprises
the SIRFstarIVTM chip solution with SIRFawareTM tech-
nology providing with -163dBm tracking sensitivity,
-148dBm autonomous mode acquisition sensitivity, and
quite low tracking power consumption. It allows to re-
move in-band jammers up to 80 dB-Hz and to track up to
8 CW jammers. With 48 PRN channels it can track satel-
lites in a relatively short time even at indoor signal level.
The support of EGNOS and CGEE is also obvious. The
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Figure 24: The concept of the experimental iner-
tial navigation system.

module employs UART interface for communicating with
the control MCU. Embedded I2C interface was utilized
in CGEE interconnection with 1024K I2C CMOS Serial
EEPROM 24AA1025 from Microchip. Utilization of the
Freescale CAN interface in the frame of communication
with the wheel-turn sensors was assumed to be imple-
mented by the same way as in the measurement taken
in 29th March 2013. Moreover, USB interface of MCU
was used for interconnection with the laptop personal
computer where positioning calculations performing EKF
sensor fusion together with map matching could be made
in a real time. Additional sensors as LIS331DL MEMS
motion sensor 3-axis smart digital output accelerometer
with ±2g/±8g dynamically selectable full-scale, capable
of measuring accelerations with an output data rate of
100Hz or 400Hz as well L3GD20 MEMS motion sensor
3-axis digital gyroscope with three selectable full scales
(250/500/2000 dps), 16 bit-rate value 8-bit temperature
data output were implemented through serial interfaces
SPI0 - 1. These sensors should allow versatility of the
INS system especially when the developed control unit
should be implemented on-board of different vehicle with
the wheel-turn sensor output missing (train, ship, air-
craft,. . . ).

In the Figure 25, there are summarized all features related
to the dynamic navigation accuracy properties of GNSS
receivers.The performance of any GNSS receiver can be
described by the all properties and features defined in
previously. With respect to the expected final application,
the requirements for the receiver’s performance can be set
and measured by the introduced units.

Figure 25: The concept of the experimental iner-
tial navigation system.

4. Conclusions
Within this thesis, all GNSS based navigation and local-
ization techniques for vehicle positioning have been in-
vestigated for potential implementation in ITS domain
(Intelligent Transportation Systems). Various L1 and L2
GNSS receivers under the various environmental condi-
tions were investigated emphasizing the localization qual-
ity reached among the single measurements. The analy-
sis and classification of performance as well as an actual
state-of-art of the single methods with respect to their
characteristics and possibilities for using in vehicle posi-
tioning were examined. An analysis of the error sources
and enhancement methods that can affect the quality of
localization was made too.

The thesis deals with the identification and analysis of lo-
cal surroundings parameters that could occur during lo-
calization process and could affect localization accuracy
in various ways. This analysis was oriented mainly into
the impact of factors that are reliant on the local environ-
ment surrounding of the GNSS antenna. From the real-
ized measurements follows that from all identified GNSS
accuracy affecting factors the highest distortion is caused
by the atmospheric effect and multipath.

From all available GNSS enhancement techniques almost
anyone was utilized and tested within this thesis, espe-
cially the impact of SBAS - EGNOS, A-GPS and D-GPS
- RTK augmentations on the localization quality of the
vehicle were analyzed. On the real examples, the influ-
ences of these techniques on the various parameters of the
GNSS localization process were shown.

From the results demonstrated, the definition of all fea-
tures necessary for the quality of GNSS receiver descrip-
tion was introduced. According to the GNSS receiver per-
formance classification presented, the measurement qual-
ity of any GNSS receiver can be estimated. This allows
the integration of the safety-relevant GNSS units into the
specific applications of ITS since the information about
the receiver’s uncertainties will be available.

Furthermore, the concept of special vehicle for the testing
of dynamic localization accuracy of moving objects has
been also developed within this work.
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Abstract
The work presents a contemporary perspective of the field
of dysfluent speech processing. It deals with suitable ap-
proaches of computational intelligence for speech analysis.
It presents computational intelligence classifiers, based
on probabilistic decision theory and classifiers based on
cost function optimization. This work deals with com-
mon model of automatic speech recognition and explains
the historical and the current speech feature extraction
methods. It introduces definitions and known symptoms
of communication disorder, stuttering, then selects the
symptoms that are the subject of our interest and de-
scribes the state-of-the-art of computer analysis in stut-
tered speech. In our experiments we deal with Artificial
Neural Networks and with Support Vector Machines, to
solve the task of recognizing simple dysfluencies. We were
looking for inspiration in data mining and in bioinformat-
ics, to handle the problem of detecting complex dysflu-
ent events. The proposed new methodology for processing
long dysfluent speech intervals was based on the speech
signal transformed into symbolic sequences. We present
new algorithms, able to automatically adapt the length
of the analysis window and detect complex dysfluencies.
Moreover we found that dysfluencies have recursive prop-
erty which was used in developing our algorithms. We
derived new features of dysfluencies from yields of our
new algorithms. We borrow inspiration from the field of
video sequence analysis, to apply and derive new functions
designated to detect specific dysfluent events. The new
methodology for symbolic analysis of dysfluent speech,
the new features of complex dysfluencies and the new al-
gorithms were related to established methodologies and
statistically compared.
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1. Introduction
Various methods of pattern detection in time series are
already used in Data Mining and Bioinformatics. Speech
is only a different manifestation of time series, where dys-
fluencies may disrupt the information flow in talkers com-
munication channel. In case of stuttered speech, the dys-
fluencies are more frequent than in fluent talkers, hence
it is ideal for observation. According to Speech Language
Pathology, repetitions and prolongations are assigned to
the set of dysfluent symptoms.

Common dysfluencies like prolongations, repetitions and
hesitations add needless lexical information to talkers’
conversation. Information redundancy, caused by common
dysfluencies, negatively influence the Automatic Speech
Recognition (ASR) system performance. Therefore one
of many aspects of dysfluency detection in speech tech-
nology, is to augment the ASR system to decrease the
recognition errors.

Stuttering is characterized by a set of clinical symptoms,
namely: excess effort, dysfluencies and psychic tension
[20]. Symptoms (Fig. 1) in excess effort are visible, psychic
tension contains symptoms which are hidden from an ob-
server (like negative emotions, cognitive activities, etc.).
We are interested in dysfluencies, which are in the cat-
egory of audible symptoms. World Health Organization,
identifies stuttering with code F98.5 and defines stutter-
ing as a speech characterized by frequent repetition or pro-
longation of sounds or syllables or words, or by frequent
hesitations or pauses [10]. Stuttered speech because of its
features, may be interesting in research where emotional
or cognitive processes are studied, because these are more
time consuming to observe in a spontaneous fluent speech.
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Figure 1: Processing of stuttered speech analysis
(Source: [30]).
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Figure 2: Symptoms of stuttering (Source: [20] in
[31]).

This paper provides an introduction to the theoretical
background for anatomy and physiology of speech and
hearing; the conventional algorithms and methods for
speech processing, speech feature extraction and auto-
matic speech recognition are recommended. The techni-
cal documentation of frequent dysfluencies (e.g. syllable
repetitions, phrase repetitions, prolongations, etc.), novel
observation of complex dysfluencies in stuttered speech
and our examination of dysfluencies were presented.

In this paper we focus on basic principles needed to briefly
introduce, understand and clarify the methodologies to-
gether with our own contributions.

In the next two sections (Subsection 1.1 as well as Subsec-
tion 1.2), we describe the motivation including the status
quo of dysfluency recognition. After reporting the issues
about dysfluencies in Section 2, we portray two computa-
tional intelligence approaches for dysfluency recognition,
the Artificial Neural Networks (ANN) in Section 2.2 and
the Support Vector Machines (SVM) in Section 2.3. In
Section 4, we report the experiment results based on im-
proved common methodology for recognition of simple
dysfluencies. In the last, experimental Section 5 we pro-
vide solution for detecting complex dysfluencies. After-
wards we discuss the main outcomes along with conclu-
sion of our findings in Section 7 as well as the consequence
of testing the principal hypothesis (see Section 3, p. 3).

1.1 Motivation: Why Recognize Dysfluencies?
Dysfluent speech recognition gets a lot of attention in
field of Speech Language Pathology (SLP), where objec-

tive evaluation of stuttered speech is still under develop-
ment. Researchers with technical background invest their
effort to develop framework to resolve this problem for
SLP. Authors [25] on basis of spectral changes and Bayes-
ian detector define a parameter for global evaluation of
dysfluent speech, to define an effectiveness of SLP therapy.
Phoneme repetitions were classified by Hidden Markov
Models on basis of Mel-Frequency Cepstral Coefficients
(MFCC) in [48]. MFCC with Dynamic Time Warping
(DTW) were used by [35] to study syllable repetition
detection accuracy with various multidimensional MFCC
feature vectors (with 12, 13, 26 and 39 dimension). [15] ex-
amined the performance of Least Square Support Vector
Machines with Sample Entropy derived from Bark scale,
Erb scale and Mel scale for distinguishing the prolonga-
tions and repetitions in speech. MFCC and Linear Predic-
tive Cepstral Coefficients feature extractions with classi-
fiers k-Nearest Neighbor and Linear Discriminant Analy-
sis were compared to recognize repetitions and prolonga-
tions in stuttered speech. [42] introduced hierarchical Ar-
tificial Neural Networks to support the stuttered speech
recognition process.

Another aspect for dysfluent speech recognition is to mod-
erate its effect in ASR. Researchers effort in this case, is
to improve (with the dysfluency detection module) the ac-
curacy in current ASR, by introducing information for
ASR about the unknown phenomenon. In [36] the speech
dysfluencies were studied in case of fluent (i.e. normal or
non-pathological) speech. Early detection of dysfluencies
studied in [24], shows that the juncture phenomena which
occur between words in fluent speech are usually absent
at the interruption point in dysfluent utterances. Textual
and prosody information was used in [23] with Condi-
tional Random Fields to locate interruption point, point
in time at which the speaker breaks off from the origi-
nal utterance. Similar feature extraction technique, but
on basis of Weighted Finite State Transducers to [23] was
implemented to detect filled pauses and reparandum, the
region of repeats and repairs [27].

1.2 Status Quo: Classifiers of Computational Intelli-
gence for Dysfluency Recognition

Published works in speech recognition of dysfluencies use
classifiers. Classifiers according to Table 1 basically fall
into two groups. Firstly, the group, which includes clas-
sifiers based on decision trees (also known as statistical
models):

• Naive Bayes

• Hidden Markov models (HMM)

Secondly classifiers, working also with optimizing their
cost functions:

• Artificial neural networks (ANN)

• Support vector machines (SVM)

Works included in the Table 1 are in chronological order
of publication. In the first column are listed first authors
of the research teams. Year of publication is in the sec-
ond column. In the third column are properties such as
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Table 1: Summary of collected works on stuttered speech recognition (Source: [31]).

First author Year Features Classifiers Results (%)

Howel in: [14] 1995 Envelope parameters ANN 80
Hosel in: [14] 1997 Duration, energy peaks ANN 78.01
Geetha in: [14] 2000 Frequency of dysfluency, duration,

rate of speech
ANN 92

Nöth in: [14] 2000 Duration and frequency of dysflu-
ent portions, speaking rate

HMM -

Poroshin [32] 2003 - Hopfield network -
Czyzewski [7] 2003 22.05 kHz, Hamming window MLP, rough set 78.1, 97.33
Hasegawa-Johnson [16] 2006 Perceptual linear prediction

(PLP)
HMM, SVM -

Szczurowska in: [14] 2007 Fast Fourier transform (FFT) 512 MLP, Kohonen network 76.67
Wísniewski in: [14] 2007 MFCC HMM 70
Tian-Swee in: [14] 2007 MFCC HMM 96
Ravikumar [34] 2008 16 kHz, Dynamic time warping

(DTW), MFCC
Perceptron 83

Swietlicka [41] 2009 22.05 kHz, applying filters Kohonen network, MLP, Radial
Basis Function (RBF) network

91.5

Szczurowska [43] 2009 22.05 kHz, applying filters Kohonen network 76
Sin Chee [39] 2009 16 kHz, MFCC Linear discriminant analysis

(LDA), k-nearest neighbors
(k-NN)

90

Sin Chee [38] 2009 16 kHz, LPCC LDA, k-NN 88.7
Ravikumer in: [14] 2009 MFCC SVM 94.35
Bergl [3] 2010 time domain, spectral domain Bayesian detector, HMM, LDA 63

frequency, in which sound recordings were processed, or
algorithms for obtaining set of speech feature vectors.

After analysis of the works referenced in the Table 1, we
have indicated general stuttered speech analysis processes
(Figure 1). In the first step (Figure 1) stuttered speech
record enters the segmentation phase. In the segmentation
stage, the audio recording is divided into smaller parts. In
the third step, the dimensionality of speech features vec-
tors (also called parameters of speech) is reduced. There-
after, the speech features vectors enter the classification.
The quality of the classifier depends on the vector prop-
erties of speech, which are used in decisions.

2. Technical Consideration and Problems with
Dysfluencies

Dysfluencies are divided into subcategories, where each
dysfluent event has its annotation label (e.g. R1 denotes
syllable repetition re re research or P denotes prolonga-
tion rrrun). These “simple” dysfluent events were already
studied in many works, which only rarely consider fusion
of diverse dysfluent events (like RS repetition of words
make make peace or RSZ repetition of verbal phrases I
do my, I do my work.). However, “complex” dysfluencies
specified as a chaotic mixture of dysfluent events (e.g. pro-
longation combined with hesitation and repetition) are
frequent in stutterers’ speech. The statistical distribution
of atomic parts of speech (phonemes) is essential to build
an ASR, but the sparse regularity of dysfluencies causes a
problem, the amount of available data containing dysflu-
ent events is not sufficient to design robust speech recogni-
tion system (e.g. on the basis of Hidden Markov Models).
Another problem is the complexity of such ASR, to define
every transition between states which can occur in case
of dysfluent events would produce a very complex HMM.
In dysfluent speech recognition, the common methodol-
ogy is to fix a window (e.g. 200 ms, 500 ms, 800 ms) and
build a dysfluency recognition system (e.g. Artificial Neu-

ral Networks, Support Vector Machines) which can rec-
ognize the (“simple”) dysfluent events in a fixed interval
of speech. Annotations of dysfluent speech show us that
dysfluent events frequently do not fit the fixed window,
but are dynamically distributed throughout much longer
2-4 s intervals (Tab. 2). The above mentioned problems
are addressed by our following approach, inspired by DNA
analysis.

We were looking for answer to the question: how to rep-
resent dynamically changing dysfluent events in time for
classifier based on computational intelligence? The ab-
sence of answer in studied works led us to develop our
own methodology, which solves the problem of analysis
window adaptation (in other words, the dynamic window)
in dysfluency detection, which interval is changing over
time. The summary of main problems and our proposed
solutions are shown in Tab. 2. On manual annotation of
recordings we observed that complex dysfluencies have re-
cursive property. Discovering this new recursive property,
helped us to develop our methodology, to detect redun-
dant signal structures in complex dysfluencies.

Frequent patterns are known as motifs [22] in DNA se-
quence analysis. Part of Bioinformatics deals with sequence
analysis to discover interesting frequent patterns in a DNA
sequences. Before applying sequence analysis tools to dys-
fluent speech, it was necessary to transform speech signal
to symbolic sequences.

Algorithm searching dysfluencies in symbolic sequences
was developed in [29] and compared to Naive String Match-
ing Algorithm (NSMA) for stuttered speech containing
“complex”dysfluencies. The new algorithm was faster and
able to produce 90.9% accuracy in detection of dysflu-
ent intervals compared to NSMA, which yielded 45.5%.
The present contribution contains substantial changes to
[29]. We enhanced the algorithms accuracy (by 6.7%) by
changing the principle of computing matching statistics
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Table 2: Summary of the general approach of recognizing dysfluencies, problems with dysfluencies along
with outline of our proposals for addressing these challenges.

General approach Problems with dysfluencies Proposal of solutions

short intervals long intervals symbolic representation of speech
fixed window dynamic distribution in time dynamic window adaptation
simple dysfluencies complex dysfluencies observed recursive property
feature extraction sparse occurrence custom algorithms/functions
classification statistical modeling custom features

detection of complex dysfluencies

and shortened the run time by 10%. Instead of direct
transformation to symbolic sequences, firstly a short time
energy was computed and then transformed to symbolic
representation of speech (with alphabet size 10 and word
size 500). The amount of analyzed speech data was in-
creased 10 times. Apart from the further developed al-
gorithm, we present a wider statistical analysis of new
dysfluency detection functions and a comparison of stan-
dard feature extraction method with method based on
symbolic sequences.

2.1 Issues in Annotation
During our first annotation session, the fundamental ques-
tion arose: how to denote dysfluent intervals in the pro-
cess of annotation? Speech Language Pathologists (SLPs)
when doing stuttered speech analysis, commonly do not
need the lexical content of audio record to be aligned to
time axis. In case of repeated words see Fig. 3, the whole
interval from the first occurrence of if until the last oc-
currence if would be annotated by label RS (in slovak
repet́ıcia slova). In domain of dysfluent speech recognition
they do not deal with this issue. Through the technical
processing, the entire interval where dysfluencies occur,
should be further divided for the purpose of supplemen-
tary processing (e.g. marked dysfluency in case of prolon-
gations to be shorten, repetitions to be deleted, etc.). Dur-
ing the early annotations, we intuitively considered in case
of repetitions (e.g. word repetition) the first occurrence if
as correctly spoken word and its subsequent repetition as
the dysfluent part (i.e. repetition, which eventually should
be removed in post-processing). In the literature survey,
where papers have dealt among other topics, with cogni-
tive processes in the speech development and observing
other types of dysfluencies, we came to the conclusion
that dysfluencies should be divided and annotated just
the vice versa.

The first occurrence of if is a repeated word and the
last occurrence of if is a properly realized/spelled word.
Speech Language Pathologists in the case described in
Fig. 3 annotate the entire interval in the annotated text
fo fo forty-four as syllable repetition, R1 according to
our convention, in this dysfluent interval repeated sylla-
bles fo fo are prefixes and then the remaining suffix of
word forty-four is a correctly realized world. This new
perspective applies to a great extent for complex dysflu-
encies. In our algorithms the application of suffix arrays in
symbolic representation of speech searches for recursion
of symbolic sequences.

We proposed method on basis of oriented graphs for graph-
ical modeling of specific types of dysfluencies (Fig. 5).
On oriented graph, states (i.e. vertexes) are denoted by

s0 . . . sn. Oriented edges (i.e. paths between vertexes) of
oriented graph, are labeled by e0 . . . en. Then for concrete
example (Fig. 3) the word repetition begins in state s0

(Fig. 5 b)), in state s1 occurs silent pause (RS) with lexi-
cal content if, after that we proceed to state s2 containing
word repetition, afterwards in state s1 takes place another
silent pause, the second if is assumed to be realized cor-
rectly, therefore we terminate our graphical model (Fig.
5 b)) at state sn (and go ahead to realize if he buy).

During the manual annotation, we encountered of such ex-
amples, where several types of dysfluent events were not
listed in the commonly/classically used SLP classification
from Shipley, McAfee (1998, in [20]). We eventually col-
lected from various sources and identified these primarily
unspecified dysfluent events:

• RZ - sound repetition (Gregory, 1992 in [2])

• V - hesitation, e.g. triplet - reparandum, editation
and correction

• KD - complex dysfluencies [36]

During annotation we often have to address the problem:
how to annotate type of dysfluency, which is in the half
way between the prolongation and between repetition of
syllables, but not in common SLP classification? RZ, at
the first hearing is similar to a prolongation, with repeated
equally short sounds, which are shorter as phonemes, how-
ever it is audible that between RZ occur short silent
pauses, which are characteristic of the repetitions.

In speech processing, we gathered a special type of hesita-
tion V, namely a triplet < reparandum > < editation >
< correction >. V was the most complex specimen of
dysfluency technically documented at the signal level and
accessible in literature. Shipley and McAfee in (1998) has
not considered V, it is the instance of Slovak SLP’s con-
vention, which is based on Shipley and McAfee (1998).
Augmented categories of dysfluencies were documented in
[44], here V was considered, though its special type/form
(a triplet) is not concluded. According to our research,
we are the first who identified, used and complemented
to (our internal) SLP convention, this special type of hes-
itation (a triplet) V. In psychology [36], a dissertation
has been written about the theory of dysfluencies. Its au-
thor, Mrs Elizabeth E. Shriberg (1994, pp. 165 – 174,
[36]) in accordance with our observations of the stuttered
speech, also observed complex dysfluencies, but in speech
of people without communication disorder. She made her
study [36] in the SWITCHBOARD corpus, which con-
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Figure 4: Complex dysfluency.

tains recordings of an ongoing phone discussions among
the people on various topics.

Complex dysfluencies (we use label for that KD, Fig. 4)
are characterized by being composed of rich chaotic mix-
tures (i.e. combinations) of simple (i.e. fundamental) dys-
fluent events (in Fig. 4 take place hesitation, word repe-
tition and prolongation).

2.2 Artificial Neural Networks
In this section we introduce two of the Neural Network
family of classifiers that are discussed later in the sec-
tion of results. A neural network is characterized by its
prominence on using many interconnected processors that
perform relatively slow and individual calculations in par-
allel [18]. It allows using very simple computational opera-
tions (additions, multiplications and fundamental logic el-
ements) to solve complex, mathematically ill-defined prob-
lems, nonlinear problems or stochastic problems [11].

Multi-layer Perceptron (MLP) is a feedforward neural net-
work with one or more hidden layers, whose computation
nodes are called hidden neurons. The function of hidden
neurons is to intervene between the external input and the
network output in some useful manner. By adding hid-
den layers, the network is enabled to extract higher-order
statistics. This tendency of hidden neurons is particularly
valuable when the dimension of the input layer is large
[17], p. 43.

s0 sn

s0 sn

s0 sns1 s4s2
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e2 e3
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Figure 5: Oriented graph for graphical modeling of
a) prolongations, b) repetitions and c) hesitations.

In Elman network a set of context units are introduced,
which are extra input units whose activation values are
connected back from the hidden units. The hidden units
of the output units are connected back and the extra input
units have no self-connections. Again the hidden units are
connected to the context units with a fixed weight of value
+1 [19], p. 48. The context units give the Elman networks
a kind of decaying memory, which has proven sufficient
for learning temporal structure over short distances, but
not generally over long distances (Servan-Schreiber et al
1991). These networks can be trained with classical back-
propagation, considering all of the trainable weights are
feedforward weights [45].

2.3 Support Vector Machines
Since 1995, Support Vector Machines have become one
of the preeminent machine learning paradigms. Support
Vector Machines are now employed routinely in areas that
range from handwriting recognition to bioinformatics to
the mining of very large databases [12].

Support Vector Machine can provide a great generaliza-
tion performance on pattern recognition problems but
it does not cumulate problem-domain knowledge [17], p.
340.

Support vector machines and their variants and exten-
sions, often called kernel-based methods (or simply kernel
methods), have been studied extensively and applied to
various pattern classification and function approximation
problems [1].

An SVM is an abstract learning machine, which will learn
from training data and attempt to generalize and make
correct predictions on testing data [5]. The main part of
SVM classifier design is the notion of the margin [46]. The
argument inside the decision function of a classifier is

w · x+ b = 0 (1)
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Figure 6: Linear clasifier for two-class classifica-
tion problem (Source: [30]).

where x is a set of input vectors, weights w determine ori-
entation of hyperplane, operator · denotes scalar product,
and b is a bias. The separating hyperplane corresponding
to Equation 1 is shown as a continuous line in Figure 6.
This hyperplane separates the two classes of data with
points on the left side labeled yi = +1 (Equation 2)

w · x+ b ≥ 0 (2)

w · x+ b < 0 (3)

and points on the right side labeled yi = −1 (Equation
3). Hyperplanes through the points x1 and x2 in Figure
6, called support vectors, have the most influence on the
separating hyperplane, [5]. For a binary class classification
task, it is necessary to compute a hyperplane (Equation
1) to minimize the formula

J(w, b, ξ) =
1

2
||w||2 + C

N∑

i=1

ξi (4)

where margin errors ξ, are nonnegative. ξ = 0, for points
outside the margin and on the correct side of the classifier.
ξ > 0 for points inside, or for points outside the margin
and on the wrong side of the classifier [46]. The constant
C, called the cost, allows us to control the compromise
between margin size and error [12].

SVM techniques for solving nonlinear classification tasks
use mapping support vectors in areas with higher dimen-
sion. In higher dimensions, used by SVM, the classes are
likely to be linearly separable. Mapping is as follows:

x 7→ φ(x) ∈ H, (5)

where H dimension is greater than Rl. If we carefully
choose one mapping function from a known family of
functions, the inner product between the representation
(φ(x1), φ(x2)) points can satisfy the condition

〈φ(x1), φ(x2)〉 = k(x1, x2). (6)

Angled brackets 〈., .〉 indicate scalar multiplication in H
and k(., .) is a kernel function. Radial basis functions
(RBF) of kernel function is defined as

k(x, y) = exp

(
−||x− y||

2

σ2

)
(7)

where σ is a parameter determined by [46]. The purpose
of the user-defined parameter σ > 0 which specifies width,
is explained in [40], p. 10. Another kernel function, which
we used and compared in our experiment, was sigmoid
kernel function,

k(x, y) = tanh
(
γxT y + r

)
(8)

with suitably chosen values of r ∈ R it led to SVM clas-
sifiers with very similar accuracies and SVM sets [37].

K−fold cross-validation was described by Hamel [12]. A
suitable compromise between the potential diversion hold-
out method and computational complexity of leave-one-
out method is K−fold cross validation. Suppose D is our
training set (4th column in Table 3).

D = {(x1, y1), . . . , (xl, yl)} ⊂ Rn × {+1,−1} (9)

Divide D in to K (in our case K = 4) partition with
K � l as follows

D = Q1 ∪Q2 ∪ · · · ∪QK−1 ∪QK (10)

For Qi ∩Qj = ∅, it is true that

|Qi| = |Qj | = l/K (11)

where i, j = 1, . . . ,K and i 6= j. We used every partition
for testing only once. The rest of partitions we used to
train the model. Let Qi be a partition set D, then we
construct the corresponding training set

Pi = D −Qi, for i = 1, . . . ,K. (12)

K−fold cross validation can also be used advantageously
for large datasets.

3. Goals
Our efforts were focused on these specific problems in dys-
fluent speech recognition.

• In selected methods of computational intelligence,
find possible enhancement for analysis of dysfluen-
cies

• Solve the problem of speech representation benefi-
cial to facilitate speech data analysis in several sec-
onds long intervals of speech (i.e. long-term analysis
of the speech)

• Search for complex dysfluencies (combination of sev-
eral symptoms of dysfluency) in long intervals of
speech

• Demonstrate applicability of speech transformation
to symbolic sequences for searching repeated pat-
terns in speech

• Statistically compare of Mel-Frequency Cepstral Co-
efficients (MFCC) features, derived MFCC features
and our proposed features of dysfluencies

• Design gradual classifier for objective evaluation fea-
tures of dysfluencies

• Test the hypothesis: Search in long intervals of sym-
bolic sequences produces similar results as the search
in long repeated intervals in the spectral domain of
speech.

• Compare memory and computational time (i.e. time
complexity analysis) necessary to Dynamic Time
Warping algorithm and our algorithms

• Develop technical documentation of frequent dysflu-
encies



Information Sciences and Technologies Bulletin of the ACM Slovakia, Vol. 6, No. 2 (2014) 45-58 51

4. Methodology for Simple Dysfluencies
Experiments were carried out on unified hardware that
was equipped with Intel R©CoreTM2 Duo T9400@2.53 GHz
processor and has 4 GB of memory. Under Linux operat-
ing system the Matlab environment was used, in which
we conducted our experiments and developed our algo-
rithms. In addition to basic Matlab environment, we used
for experiments the freely available libSVM [6] library
containing implementation of various SVM kernel func-
tions. For advanced annotation (i.e. text) processing of
stuttered speech, the SQLite database was used. Freely
available Matlab Toolbox, voicebox 1 helped us in speech
analysis. MFCC vectors were calculated in Matlab using
mfcc() function that was implemented by [9] which pro-
vides the possibility of calculating the MFCC feature vec-
tors analogous to the MFCC vectors calculated using the
commonly used Hidden Markov Model Toolkit (HTK) in
automatic speech recognition. The compatibility of imple-
mented mfcc() function [9] ensure, that our results based
on MFCC features are comparable with those obtained
by HTK speech recognition framework.

4.1 Database
Comparability of results has an important role in the
world of scientific research. The online freely accessible
stuttering speech database uclass 2 created by Mr. How-
ell et al. [13] allows to compare the results of works around
the world, dealing with stuttered speech. Most records in
UCLASS contains speech of school-age children. Descrip-
tions of recordings and other additional information of
speakers, who participated in recordings, are in UCLASS
version 1 and 2. UCLASS version 1 only contains mono-
logues. UCLASS version 2 along with monologues has
also, read text and spontaneous conversation. The database
is available in many optional data formats (e.g. wav, mp3,
SFS3, CHILDES4, Praat5). For some audio files is also in-
cluded perceptual evaluation the quality of record.

A major percentage of publications, from top conferences
and journals use UCLASS database. Therefore, we uti-
lized it as well.

4.2 Evaluation
We can also characterize the performance of a model in
terms of its accuracy. Mean Square Error (MSE) expresses
the training or testing error.

Accuracy =

(
TP + TN

TP + TN + FP + FN

)
· 100% (13)

The TP called true positives and TN we know as true neg-
atives, these symbols indicate the correct classifications.
FP false positive or FN false negative, express instance

1Brookes , M. - VOICEBOX: Speech Processing Toolbox
for MATLAB, http://www.ee.ic.ac.uk/hp/staff/dmb
/voicebox/
2UCLASS is available at: http://www.uclass.psychol
.ucl.ac.uk/
3SFS application is available at: http://www.phon.ucl
.ac.uk/resource/sfs/
4CHILDES application is available at: http://childes
.psy.cmu.edu/
5Application Praat is available at: http://www.fon.hum
.uva.nl/praat/

Table 3: Selected data of patients from the
UCLASS (Source: [31, 30]).

Gender Age Dysfluent/fluent segments
(number) (year) Number Training Testing

Male (8) 8 - 47 20/8 18/7 2/1
Female (8) 9 - 17 20/8 18/7 2/1

when the classifier’s decision is incorrrect.

MSE =
1

l̄

l̄∑

i=1

(f(xi)− yi)2 (14)

Here l̄ is the number of observation. Observed values yi
have associated predicted values f(xi). Last column with
Squared Correlation Coefficient (SCC) contains the square
of the correlation coefficients data. SCC is calculated with
the help of these coefficients

b =
l̄
∑l̄

i=1 f(xi)yi −
∑l̄

i=1 f(xi)
∑l̄

i=1 y
2
i

l̄
∑l̄

i=1 f(xi)2 −
(∑l̄

i=1 f(xi)
)2 (15)

b′ =
l̄
∑l̄

i=1 f(xi)yi −
∑l̄

i=1 f(xi)
∑l̄

i=1 y
2
i

l̄
∑l̄

i=1 y
2
i −

(∑l̄
i=1 yi

)2 (16)

The correlation coefficient r is then computed by

r2 = bb′ (17)

The correlation coefficient is also known as the product-
moment coefficient of correlation.

For the performance of Neural Network models and Sup-
port Vector Machine models, we compared the results ac-
cording to their average accuracy. Using Mean Squared
Error we calculated average errors of neural networks and
support vector machines models.

4.3 Recognition of Dysfluencies by Computational In-
telligence

In the works dealing with dysfluency detection, the au-
thors rarely define which from the general category of a
broad range of dysfluent events were considered in their
dysfluency recognition methodology. Prolongations at the
initial phoneme of words (e.g. mmmama), or repetitions
at the initial part of a word (e.g. de de development) in
terms of structure complexity of given phenomena are dif-
ferent than the mix of prolongations and repetitions (e.g.
Fig. 4), or repetition of verbal phrases distributed over
long (in order of seconds) intervals of speech.

We firstly deal with simple dysfluencies, like prolonga-
tions and repetitions, and address the complex dysfluen-
cies later.

Table 3 clearly characterizes the gender, the age range and
the number of selected dysfluent and fluent events from
the UCLASS database. In accordance with the authors
[43], we have prepared the training and test data (in total
28 + 28 = 56 segments).

Similarly to the authors of the Table 1 we started recog-
nizing dysfluent speech with the application of classifiers
known in computational intelligence. From the available
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Table 4: The results of testing linear SVM and
SVM with RBF kernel function (Source: [30]).

Kernel function Accuracy (%) MSE SCC

Linear 98.0000 0.0800 0.9210
RBF 96.1333 0.1547 0.8544

RBF and k-fold 96.4000 0.1440 0.8636

Table 5: The test results of Artificial Neural Net-
works (Source: [31]).

Accuracy (%) MSE
Neural Networks Avg Max Avg Min

Elman 61.86 78.1 0.3464 0.1231
MLP 96.02 99.09 0.1252 0.0112

classifiers we chose Artificial Neural Networks and Sup-
port Vector Machines for the analysis of dysfluent speech.
We gradually compared Elman Neural Network, MLP, lin-
ear SVM and SVM with different kernel functions (RBF
and sigmoidal). The summarized overview of three of our
papers on this subject and comparison of their results are
in Tab. 9, 5 also 6.

SCC in table indicates the abbreviation Squared Correla-
tion Coefficient. In Tab. 5 and 6 abbreviations Avg refer to
computed averages. For Tab. 6 averages of SVM classifica-
tion accuracies are obtained from K-fold cross-validation,
where we set K = 4. Then for each kernel function 4 SVM
models were trained on basis of statistical learning theory.
At the end of experiments, we conducted and analyzed in
total results of 12 SVM learned models.

Due to the stochastic nature of learning of Artificial Neu-
ral Network, we trained 200 ANN models (Elman and
MLP) and calculated the average accuracy of these ANN
models. In evaluating results for different types of trained
ANN, we calculate the average accuracy and the mean
square error (MSE).

According to our results the SVM with a sigmoidal ker-
nel function on average was (Tab. 6) the most accurate
on testing data set. An interesting fact is that although
the linear SVM recognized dysfluencies with lower accu-
racy than SVM with a sigmoidal kernel function, from all
of the studied classifiers it requires on average the lowest
time for training process, mainly due to its low Vapnik-
Chervonenkis dimension. This characteristic of linear SVM
classifier, could be beneficial in dysfluency recognition ap-
plications where time needed for training the classifier’s
model is important. Recognizing dysfluencies in segments
with constant length is obvious, the feature vectors enter-
ing the classifier have fixed dimensions (e.g. recognition of
faces on images of fixed dimension). In the literature we
did not find a solution to the problem, how to represent
dysfluencies with variable length (i.e. no fixed dimension)
for classifier of computational intelligence. Therefore, we
had to depart from common approaches typically used
in recognizing simple dysfluent events (e.g. prolongations,
sound repetitions, etc.) and adapt methods of data mining
and bioinformatics in the new application area - dysflu-

Table 6: Results of testing SVM classifiers with
different kernel functions (Source: [31]).

Accuracy (%) MSE
Kernel function Avg Max Avg Min

Linear 97.67 97.86 0.0929 0.0852
RBF 96.99 97.33 0.1202 0.1065
Sigmoid 99.05 99.2 0.0379 0.032

ency recognition in long intervals of speech.

In the following sections, we describe a solution for the
detection of dysfluencies dynamically changing its length
in the symbolic sequences of speech. We discuss and com-
pare our methodology with established, frequently used
methodologies in the field of dysfluent speech recognition.

5. Methodology for Complex Dysfluencies
In work [13] the authors used 12 selected audio recordings
“working set” from University College London Archive of
Stuttered Speech (UCLASS). We used subset of this work-
ing set with 22 050 Hz sampling rate and a total of 19:32
min playing time for our experiments6.

5.1 Speech Representation and Feature Extraction
Many works dealing with dysfluency detection use Fourier
transformation to analyze spectrum and compute derived
spectral features, for example MFCC, LPCC, PLP [33].

Symbolic Aggregate Approximation (SAX) discretization
allows a time series of arbitrary length n to be reduced to
a string of arbitrary length w, (w < n, typically w << n).
The alphabet size is an integer a, which satisfies a > 2. As
an intermediate step between the original time series and
its SAX representation, we must create a dimensionality
reduced version of the data [22]. We utilize the Piecewise
Aggregate Approximation (PAA) [21], [47]. Let time series
X of length n is represented by a reduced vector

X = x1, . . . xN . (18)

The ith element of X is calculated by:

xi =
N

n

n
N

i∑

j= n
N

(i−1)+1

xj . (19)

In order to reduce the data from n dimensions to N di-
mensions, the data is divided into N equal windows. The
mean value of the data falling within a window is cal-
culated and a vector of these values becomes the data
reduced representation [21]. SAX produces symbols with
equiprobability, since normalized time series have a Gaus-
sian distribution. With Gaussian distribution, we can de-
termine the breakpoints that will produce equivalent ar-
eas under Gaussian curve. Breakpoints are a sorted list of
numbers

B = β1, ..., βa−1 (20)

such that the area under an N(0, 1) Gaussian curve from
βi to βi+1 equals 1

a
[22]. Symbol concatenation, that rep-

resents a subsequence, announces a word. A subsequence

6Further information about data and developed algo-
rithms: http://sites.google.com/site/georgepalfy/.
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Figure 7: Converting dysfluent speech (contains:“c
can c c can”) to symbolic sequences (Source: [29]).
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Figure 8: Suffix array construction for string C
= ’processing$’. Pos[i] denotes a constructed suffix
array, C[Pos[i]...n] lists all prefixes in an array of
suffixes (Source: [29]).

S of length n can be represented as a word

W = ŵ1, . . . ŵm. (21)

Let ai be the ith symbol of the alphabet, i.e. a3 = c,
a4 = d. The mapping from a PAA approximation X to a
word W is obtained by:

ŵi = ai, iff βj−1 < wj <= βj . (22)

SAX enables to optimally reduce the size of the speech
signal and represent a signal as a set of ordered symbolic
sequences.

5.2 Data Structure
Data structure of our algorithm is inspired by bioinfor-
matics, where it is used in DNA analysis. A primary mo-
tivation for suffix arrays was to enable efficient execution
of on-line string queries for very long genetic sequences
(for example an order of one million or greater symbols
long) [26]. Consider a large sequence

C = c0c1 . . . cN−1 (23)

of length N . The suffix of C that begins at position i,
shall be expressed by

Ci = cici+1 . . . cN−1. (24)

The basis of this data structure is a lexicographically
sorted array, Pos, of the suffixes of C. Pos[k] is the onset
position of the kth smallest suffix in the set

C0, C1, . . . CN−1. (25)

We assume that Pos is given.

CPos[0] < CPos[1] < · · · < CPos[N−1], (26)

where“<’ denotes the lexicographical order [26]. Figure 8
provides an example for suffix array construction.
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Figure 9: Derived functions for prolongation de-
tection. The speech contains lexical information:
“personal s:eedee player”. Db(x, y) denotes block
based function, Dh(x, y) computes histogram dif-
ferences, Dg(x, y) compares local changes in his-
tograms to speech global histogram (Source: [28]).

5.3 Functions for Detecting Minimal Signal Change
We assume that prolongations are characterized by mini-
mal difference between n neighboring frames of prolonged
speech. We hope to capture these frames using special
functions from 2D equations for video segmentation [4],
detecting repeated signal interval. We derived functions
D(x, y), Db(x, l), Dh(Hx, l), which were specially adapted
for speech [28]. Let vectors

x = x1, . . . xN , y = y1, . . . yN , (27)

be the vectors of length N , then function

D(x, y) =
1

N

N∑

i=1

|xi − yi|, (28)

computes vectors difference. The function

Db(x, l) =
b∑

i=1

D(xi, x(i+l)), (29)

measures the difference between vectors x and x+ l in the
speech, where b is the number of blocks, the parameter
l denotes an offset. The value of l is a tradeoff between
the detection of abrupt changes (l = 1) or smooth transi-
tions (l > 1). Let h be the number of H histograms with
identical classes. The last function

Dh(Hx, l) =
h∑

i=1

D(Hx(i), Hx(i+ l)), (30)

with two input parameters: Hx histograms of vectors x
and offset l computes the difference between distribu-
tion of vectors without taking into account their position.
Articulation organs in vowel realization emit periodic sig-
nal. Our derived functions give us an acceptable score
(Figure 9), characterizing a minimal change in these pe-
riodic signal changes along analysis windows. Problem in
this method occurs in case of consonant (plosives) pro-
longation and in any type of repetition. In speech these
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events raise a problem of automatic analysis window adap-
tation. We see automatic analysis window adaptation as a
useful technique for discovery of repeated speech patterns
with unpredictable length and chaotic occurrence.

5.4 Symbolic Sequence Searching
We created two algorithms [28] (see Fig. 10). One for
speech pattern searching (patSearch) and second for search-
ing repeated patterns in speech (repSearch). Last algo-
rithm with help of first pattern searching algorithm, au-
tomatically discovers all repeated sequences in a reduced
time domain (thanks to SAX representation). In large re-
lational databases, short query set is executed in a large
set of data. Our key idea in patSearch is the opposite of
the search technique used in case of relational database.
We query in a short sequence P a “moving window” of a
long sequence C. This opposite approach allows execution
of our algorithm (patSearch - parameters: s is a shift, l is
C length) in a reduced memory space.

1: while i < n do . Begin: repSearch().
2: In i-th window 1st block set to P, remaining blocks

put to C.
3: Compute Pos for P. . Pos is a suffix array.
4: With Pos construe Tab for P. . Tab is a look up

table.
5: while s < l do . Begin: patSearch().
6: Use Tab to query C in P.
7: Save patterns position and patterns length.
8: end while . End: patSearch().
9: end while . End: repSearch().

Key feature of repSearch algorithm is its adaptation ca-
pability to unknown repeated speech pattern length. Ac-
cording to its input parameters (S symbolic speech se-
quence, w window length, b block length, n number of
blocks), it computes proximity measures, which allows to
find all occurrences of pattern P in a long symbolic speech
sequence C independently of matching length P in C.

5.5 Feature Extraction
During the calculation of the distance between two vec-
tors, we performed standardization. Let X be normal ran-
dom variable with mean µ and variance σ2. Standardizing
X we define a new random variable

Y =
X − µ
σ

. (31)

To calculate the speech features (MFCC), we maintain
standard method used in Hidden Markov Model Toolkit:
Hamming window length (0.025 s), overlapping adjacent
frames (0.01 s) and number of bandpass filters (20). Each
frame was processed with such attributes to conserve MFCC
vector with 13 coefficients. Prior to SAX discrete trans-
formation of speech, we calculated the short time energy
over 0.01 s (10 ms) frames (Figure 7). The MFCC coeffi-
cients are in the form of matrix. In the case of SAX, we
get for the same interval only vector of symbols. Algo-
rithm outputs are always moved by one block (100 ms).
We considered these shifts, when the following three de-
rived features of 100 ms blocks were computed:

patterns average redundancy indicates average redun-
dancy in blocks

patterns relative frequency indicates relative frequen-
cy of redundancies in blocks

patterns redundancies sum indicates sum of redun-
dancies in blocks.

We sum rows of algorithm outputs to have feature pat-
terns redundancies sum (left side of the picture, Figure
11). Patterns average redundancy and patterns relative
frequency is computed along columns of triangular ma-
trix (Figure 11). These features we iteratively calculated
for every 5 s long speech interval iteratively shifted by 100
ms.

5.6 Evaluation
In order to compare performance of studied features (al-
gorithms output Specrep and Symrep) to commonly used
MFCC coefficients, objective assessment was provided by
using feature vectors as inputs for SVM. SVM and their
variants and extensions, often called kernel-based meth-
ods (or simply kernel methods), have been studied ex-
tensively and applied to various pattern classification and
function approximation problems [1]. In our experiment,
we used sigmoid kernel function, (8). During the process
of classifier design, one of intermediate steps is the mea-
surement of data class separability, which we prove with
correlation between two classes (fluent speech and dysflu-
ent speech).

In the next stage we studied the data characteristics, for
two classes with Mann-Whitney U-test. Nonparametric
Mann-Whitney U-tests examines the equality of class me-
dians of random variables X,Y .

U = W − nX(nX + 1)

2
, (32)

where nX is the number of observations in the group and
W is the rank sum statistic related with Wilcoxon’s rank
sum test.

Examining correlations and applying Eq. 32 helped us to
compare proposed features on basis of MFCC to features
on basis of symbolic sequences. Both proposed features
and MFCC were used as input for Support Vector Ma-
chines with sigmoidal kernel function. We use confusion
matrix to measure SVM models’ performance. In addition
to accuracy (Eq. 13), we compute sensitivity and speci-
ficity of confusion matrix.

Sensitivity =
TP

TP + FN
(33)

Specificity =
TN

FP + TN
(34)

Value of sensitivity (= 1) for a model determines absence
of false negative predictions. Analogously to sensitivity, if
the model has value of specificity (= 1), the model does
not commit any false positive predictions [12].

5.7 Results
Table 7 and Table 8 compare features computed from
spectral domain (Specrep - Dynamic Time Warping on ba-
sis of MFCC features) and features computed from sym-
bolic sequences (Symrep - our developed algorithms on
basis of SAX). Low correlation coefficients r in Table 7
refer to a fact, that between features computed from flu-
ent intervals and from dysfluent intervals of speech there
is a low linear dependence. It is evident, that between our
proposed features Specrep average and Symrep sum is the
lowest linear dependency.
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Figure 11: Derived features calculation.

In case of class separability it is substantial that p-values
between Specrep average and Symrep sum are above 0.05.
Therefore correlation is not significant, which implies that
features are not linearly dependent. According to correla-
tion values, features clearly separate group of fluent and
group of dysfluent events.

Results of studied data characteristics of proposed fea-
tures are shown in Table 8. Nonparametric Mann-Whitney
U-tests in Table 8 are significant, where their p-values are
below 0.05 level. h values specify accepted hypotheses. We
fail to reject hypotheses h = 0 only for features Specrep
sum and Symrep frequency. Rejected hypotheses h = 0
in other features depict that features with h = 1 do not
have equal medians. According to test results, features
with h = 1 have unequal data distribution for group of
fluent and group of dysfluent features.

We divided data to training (80 %) and testing (20 %)
sets. In next step, we trained 6 individual SVM with
sigmoidal kernel function. In Table 9 are evaluated the
MFCC, Specrep and Symrep features. For MFCC feature
we get 50.2 % accuracy. Specrep average achieved 85.4 %
accuracy, which is 35.2 % better than base MFCC feature.
SVM model for Symrep sum sensitivity do not commit

any false negative prediction and produced only 6 % false
positive predictions. According to the represented classi-
fication results in Table 9, the Symrep sum maintains the
upper limit with 97.6 % accuracy.

6. Discussion
Simple dysfluencies (i.e. category of dysfluencies at peo-
ple with stuttering, known from SLP literature) were pro-
cessed in many works before. In order to provide ba-
sic comparison with our work, we provide typical results
of other authors. Authors [35] in 2011 reached 64.01 –
86.19% of accuracy for recognition of syllable repetition
(label R1 ) [42] in 2012 achieved notable 84% of accuracy
for the same (i.e. syllable repetition) dysfluent events. For
stuttered speech, we were the first to show that SVM with
sigmoid kernel function achieved in task recognition of
simple dysfluencies (repetition of words and prolongation
of a part of word) achieve more accurate results (99.05%)
as presented in the published papers (Tab. 1).

Inspired by the video segmentation and key frame extrac-
tion (video analysis), transforming time series into sym-
bolic sequences (data mining) and DNA sequence analysis
(bioinformatics), we used these technologies in a new ap-
plication area, the processing of human speech.
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Feature Sensitivity Specificity Accuracy (%)

MFCC 0.508 0.496 50.2

Specrep avg. 0.739 1 85.4
Specrep freq. 0.826 0 46.3
Specrep sum 0.391 0 22

Symrep avg. 0.924 0.676 80
Symrep freq. 0.456 0.662 55.9
Symrep sum 1 0.944 97.6

Table 9: Testing results of Support vector machines (Source: [28]).

Table 7: Correlations between group of flu-
ent and dysfluent events in proposed features
(Source: [28]).

Feature r p-value

Specrep average 0.0356 0.3654
Specrep frequency 0.3434 0.0
Specrep sum -0.0971 0.1032

Symrep average -0.0668 0.0
Symrep frequency 0.1120 0.0
Symrep sum -0.0296 0.6205

Table 8: Mann-Whitney U-test between group
of fluent and dysfluent events along examined
features (Source: [28]).

Feature h p-value

Specrep average 1 0.0
Specrep frequency 1 0.0
Specrep sum 0 0.1659

Symrep average 1 0.0
Symrep frequency 0 0.2385
Symrep sum 1 0.0

We derived our own functions to detect prolongations of
stuttered speech.

For previously unsolved problem of detecting complex dys-
fluencies (i.e. complex repeated events) we have devel-
oped new algorithms, operating on the basis of symbolic
sequences with using data structure known from DNA
analysis. Based on outputs of our algorithms, we derived
new features of complex dysfluencies. We used computa-
tional intelligence to objectively analyze MFCC, derived
MFCC and our new features of complex dysfluencies. We
showed that the proposed features of complex dysfluencies
bring significant decrease of errors and between compared
methods maintain the highest limit 97.6% of accuracy in
recognition complex dysfluent events.

Summary overview of the scientific contribution of this
work is in Fig. 12. This work is part of research tasks car-
ried out within the doctoral studies at Faculty of Infor-
matics and Information Technologies, Slovak University of
Technology (FIIT STU) and at Institute of Informatics,
Slovak Academy of Sciences (II SAS).

7. Conclusion
Statistical apparatus shows that for searching complex
dysfluent phenomena, speech features based on symbolic

sequences are competitive in comparison with speech fea-
tures based on spectral domain.

We developed algorithms designed especially for complex
dysfluency detection to solve the problem of dynamic win-
dow adaptation in symbolic sequences of speech. Paper
shows that speech transformation to discrete symbolic se-
quences offers an alternative way of speech processing.
SAX allows to apply DNA sequence analysis to speech,
this potential advantage was enabled by highly efficient
data structure, suffix array.

New designated features, capturing phrase repetitions,
were statistically analyzed. Objective assessment of new
features and MFCC were compared by SVM. SVM estab-
lished on classical methodology (on terms of simple dys-
fluencies), trained by MFCC features to recognize com-
plex dysfluencies, have 50.2% accuracy. SVM in case of
our features based on symbolic sequences accomplished
97.6% accuracy on identical groups of speech data.

We presented derived functions for prolongation detec-
tion, inspired by domain of video analysis. On the basis of
our observation that the dysfluencies have recursive prop-
erty, our novel algorithms were developed. Our technical
documentation, beside frequent dysfluencies, pay atten-
tion also to dysfluencies which were not studied at all
(according to our literature surveys) or are not included
(i.e. only rarely categorized) in classical sets of dysfluent
symptoms in SLP.

Practical utilization of novel algorithms we see in two dif-
ferent domains: in ASR framework as dysfluency detection
module and also in SLP as core of analysis tool for objec-
tive assessment of speech therapy.

Presented algorithms may be extended in the future by
computing Hamming distance between observed symbolic
sequences to obtain higher accuracy. Beside short time en-
ergy, we plan to seek speech features in spectral domain to
use its symbolic representation to detect also other types
of dysfluent events. The algorithms running time (in aver-
age 51 times faster than DTW) could be further improved
with using suffix tree, which is a similar data structure to
suffix array.

Graphical Processing Units (GPU) enable dramatic in-
creases in computing performance at single precision com-
putations, but still have problems with double precision
computations (e.g. decrease in performance, support only
a few mathematical operations). In future speech analysis
by symbolic sequences (e.g. discrete numbers) we propose
to exploit the power of GPUs.
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Figure 12: Our main outcomes.

Acknowledgements. This contribution was supported
by Grant Agency VEGA SR 1/0553/12, 1/0458/13 and
supported by Research & Development Operational Pro-
gramme funded by the ERDF project RPKOM, ITMS
26240220064. We thank for Department of Speech Analy-
sis and Synthesis, Slovak Academy of Sciences for their in-
sightful recommendations about speech processing. Last
but not least we thank for Erika Pálfy (Institution for
Children with Communication and Learning Disorder, Di-
alog, s.r.o.), for her help in communication disorder, stut-
tering.

References
[1] S. Abe. Support Vector Machines for Pattern Classification.

Advances in Pattern Recognition. Springer London, London,
2010.

[2] Assessment of Speech Fluency, Resource Packet ED–4076 Rev.
07.09. [online]. The Tennessee Department of Education,
Division of Special Education, Nashville, 2009. [cited on 3. 2.
2014]. Available at: <http://www.state.tn.us/education/speced>

[3] P. Bergl, T. Lustyk, R. Čmejla, L. Černý, M. Hrbková.
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