
 

VYSOKÉ UČENÍ TECHNICKÉ V BRNĚ 
BRNO UNIVERSITY OF TECHNOLOGY 

 

FAKULTA ELEKTROTECHNIKY A KOMUNIKAČNÍCH 
TECHNOLOGIÍ 
ÚSTAV RADIOELEKTRONIKY 

FACULTY OF ELECTRICAL ENGINEERING AND 
COMMUNICATION 
DEPARTMENT OF RADIO ELECTRONICS 

PŘENOS NÍZKOFREKVENČNÍHO SIGNÁLU PO SÍTI 
ETHERNET V LABVIEW  
LABVIEW BASED AUDIO SIGNAL TRANSMISION VIA ETHERNET  

BAKALÁŘSKÁ PRÁCE 
BACHELOR’S THESIS 

AUTOR PRÁCE Ranny Khait 
AUTHOR 

VEDOUCÍ PRÁCE  Ing. Ji ří Sekora 
SUPERVISOR 

BRNO, 2009 





 

  

 
 

Bachelor thesis 
bachelor's study field 

Electronics and Communication  
 
 

Student: Khait Ranny        Academic year: 2008/09 
ID: 78262         Year of study: 3 
 
 
TITLE OF THESIS:  
  

LabVIEW based Audio Signal Transmision via Ethernet  
 
 
INSTRUCTION: 
Study the possibilities of digitization card and access to an Ethernet network in LabVIEW. Consult 
appropriate compression methods on low frequency signal with regard to parameters of biological 
signals. 
 
Assemble the application low frequency signal for transmission over Ethernet in LabVIEW wi th the 
appropriate compression method. 
 
REFERENCE: 
 
[1] LADINO, J. N. Data Compression Algorithms [online]. Available from: <http://www.ccs.neu.edu/>. 
 
[2] Industrial Ethernet University : Real Time Ethernet [online]. Available from: 
<http://www.industrialethernetu.com/>. 
 
Assigment deadline:  9.2.2009       Submission deadline: 5.6.2009 
 
Head of thesis: Ing. Jiří Sekora 
Consultant:                                               
 

 
 
 

prof. Dr. Ing. Zbyn ěk Raida 
Subject Council chairman 

 
 
WARNING: 
The author of the bachelor thesis must not in creat ing this thesis infringe the copyrights of third pa rties, in 
particular, he must not infringe upon the rights of  a foreign copyright personality in an illegal way and must be fully 
aware of the consequences of a breach of the provis ions of Section 11 and the Copyright Act No. 121/20 00 Coll., 
including possible criminal consequences resulting from the provisions of Section 152 of Criminal Law No. 
140/1961 Coll. 

 



 

  

L ICENČNÍ SMLOUVA  
POSKYTOVANÁ K  VÝKONU PRÁVA UŽÍT ŠKOLNÍ DÍLO  

uzavřená mezi smluvními stranami: 

1. Pan/paní 

Jméno a příjmení:   Ranny Khait 

Bytem:   Seifertovo nám. 933/19, 697 01, Kyjov 

Narozen (datum a místo):  3. července 1986 v Izraeli 

(dále jen „autor“) 
a 

2. Vysoké učení technické v Brně 

Fakulta elektrotechniky a komunikačních technologií 

se sídlem Údolní 53, Brno, 602 00 

jejímž jménem jedná na základě písemného pověření děkanem fakulty: 

prof. Dr. Ing. Zbyněk Raida, předseda rady oboru Elektronika a sdělovací technika 

(dále jen „nabyvatel“) 

Článek 1 

Specifikace školního díla 

1. Předmětem této smlouvy je vysokoškolská kvalifikační práce (VŠKP): 

� disertační práce 
� diplomová práce 

� bakalářská práce 

� jiná práce, jejíž druh je specifikován jako ...................................................... 
(dále jen VŠKP nebo dílo) 

Název VŠKP:                    Přenos nízkofrekvenčního signálu po síti Ethernet v LabVIEW 

Vedoucí/ školitel VŠKP:  Ing. Jiří Sekora 

Ústav:      Ústav radioelektroniky 

Datum obhajoby VŠKP: __________________ 

VŠKP odevzdal autor nabyvateli*: 

�  v tištěné formě – počet exemplářů: 2 
�  v elektronické formě – počet exemplářů: 2 

2. Autor prohlašuje, že vytvořil samostatnou vlastní tvůrčí činností dílo shora popsané a 
specifikované. Autor dále prohlašuje, že při zpracovávání díla se sám nedostal do rozporu 
s autorským zákonem a předpisy souvisejícími a že je dílo dílem původním. 

3. Dílo je chráněno jako dílo dle autorského zákona v platném znění. 

4. Autor potvrzuje, že listinná a elektronická verze díla je identická. 
                                                 
*  hodící se zaškrtněte 



 

  

Článek 2 

Udělení licenčního oprávnění 

1. Autor touto smlouvou poskytuje nabyvateli oprávnění (licenci) k výkonu práva uvedené dílo 
nevýdělečně užít, archivovat a zpřístupnit ke studijním, výukovým a výzkumným účelům včetně 
pořizovaní výpisů, opisů a rozmnoženin. 

2. Licence je poskytována celosvětově, pro celou dobu trvání autorských a majetkových práv 
k dílu. 

3. Autor souhlasí se zveřejněním díla v databázi přístupné v mezinárodní síti 

� ihned po uzavření této smlouvy 
� 1 rok po uzavření této smlouvy  

� 3 roky po uzavření této smlouvy 

� 5 let po uzavření této smlouvy 

� 10 let po uzavření této smlouvy (z důvodu utajení v něm obsažených informací) 

4. Nevýdělečné zveřejňování díla nabyvatelem v souladu s ustanovením § 47b zákona č. 111/ 
1998 Sb., v platném znění, nevyžaduje licenci a nabyvatel je k němu povinen a oprávněn ze 
zákona. 

Článek 3 

Závěrečná ustanovení 

1. Smlouva je sepsána ve třech vyhotoveních s platností originálu, přičemž po jednom 
vyhotovení obdrží autor a nabyvatel, další vyhotovení je vloženo do VŠKP. 

2. Vztahy mezi smluvními stranami vzniklé a neupravené touto smlouvou se řídí autorským 
zákonem, občanským zákoníkem, vysokoškolským zákonem, zákonem o archivnictví, v platném 
znění a popř. dalšími právními předpisy. 

3. Licenční smlouva byla uzavřena na základě svobodné a pravé vůle smluvních stran, s plným 
porozuměním jejímu textu i důsledkům, nikoliv v tísni a za nápadně nevýhodných podmínek. 

4. Licenční smlouva nabývá platnosti a účinnosti dnem jejího podpisu oběma smluvními 
stranami. 

V Brně dne:  

 ……………………………………….. ………………………………………… 
 Nabyvatel Autor



 

  

ABSTRACT 
The main topic of presented thesis is LabVIEW based  audio signal transmision via 
Ethernet. This thesis contains theoretical part, in  which are described transmision 
protocol types, compression methods, Ethernet, usag e and description of 
LabVIEW and biosignals. Practical part is oriented to realisation of sending and 
receiving data via Ethernet. 

 

KEYWORDS 
LabVIEW, compression, Ethernet, signal, biosignal, ECG, UDP protocol, 
transmision. 

ABSTRAKT 
Hlavním tématem předkládané práce je přenos nízkofrekvenčního signálu po síti 
Ethernet v LabVIEW. Práce obsahuje teoretický úvod,  ve kterém jsou popsány 
typy přenosových protokolů, metody komprese, Ethernet, popis programu 
LabVIEW a jeho použití a biosignály. Praktická část je zaměřená na realizaci 
odesílání a přijmu dat po síti Ethernet. 

 

KLÍČOVÁ SLOVA 
LabVIEW, komprese, Ethernet, signál, biosignál, EKG , UDP protokol, přenos. 



 

  

EXTENDED ABSTRACT 
 

Bakalářská práce se zabývá p řenosem nízkofrekvenčního signálu po síti Ethernet 
a realizací tohoto přenosu aplikací v LabVIEW. V teoretickém úvodu práce  jsou 
popsány typy přenosových protokolů, metody komprese, princip Ethernetu a real-
time Ethernetu a popis programovacího prost ředí LabVIEW. Dále jsou uvažovány 
požadavky programu pro přenos biologických signálů, konkrétně EKG signálu. 
Praktická část je zaměřená na realizaci odesílání a p řijmu datových paketů po síti 
Ethernet v LabVIEW pomocí protokolu UDP. Aplikace řeší jako přenos záznamu 
offline v podobě souboru hodnot, tak i reálný záznam v podob ě nízkofrekvenčního 
vstupu zvukové karty počítače. 
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INTRODUCTION  
 

An essential part of modern world is transfer of information of various disciplines 
like medicine, telecommunication and computer technology. 

Transfer of digital data can occur between two or more devices, which are connected to a 
common data bus. The transfer of data always proceeds according to certain rules, which 
are similar to human communication. 

Mutual interconnection between measuring and computational techniques is becoming 
more important, the realization of data transfer can be on whatever topology of the 
Ethernet. One of the Ethernet advantages is the simple protocol and easy implementation 
of a task. 

This task is based on the realization of data transfer between two bases where one is 
Sender and the other is Reciever. The Sender's function is to open a chosen file to get data 
or to start acquiring in real-time by sound card, and to send the data via Ethernet to a 
previously chosen address. The function of the reciever is to recognize data sent on the 
address and save them to file. 

My thesis is devided into a theoretical and a practical parts. The theoretical part 
consists of introduction to Internet protocols, theory of real-time Ethernet, transmission 
protocol types,  compression methods, brief view of signals and biosignals. 

Praktical part is about LabVIEW program, in which the transfer of low-frequency signal is 
realised by Ethernt. 
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1 NETWORK PROTOCOL 

 

The Internet works on a hierarchical protocol store, as shown in table 1. The IP 
(Internet Protocol) layer is the conjunct layer to all Internet applications. This layer grants 
a connectionless, unreliable packet based delivery service. It was characterized as 
connectionless because packets are manipulated apart of all others. Because of no 
guarantee of delivery it is unreliable. Packets could be silently dropped, delayed, 
duplicated or can arrive squandered. This service is also called a best effort service. All 
attempts to hand over a packet will be made, with unreliability only caused by hardware 
mistakes or drained resources. 

There are no simple methods to ensure a quality of service (QoS), as there is no 
purpose of a connection at the IP level. QoS is a request from an application to the network 
to ensure a guarantee on the quality of a connection. This lets out an application to appeal a 
fixed value of bandwidth from the network, and assume it is going to be executed, as soon 
as the QoS request has been accepted. Further a fixed delay, that is to say no jitter and in 
order delivery can be assumed. 

A network that fuels the QoS will be secured from accumulation problems, in view 
of the network will shuffle of connections that request greater resources than can be 
supplied. Here is an example of a network which supports QoS, which is the casual 
telephone network, where each call is guaranteed the bandwidth for the call. Most users 
somewhere have heard the overloaded signal where the network cannot ensure the desired 
resource needed to make a call. 

The application is the decision maker for which transport protocol is used. Both 
protocols shown here, TCP and UDP are the most usually used ones. 

 

 

 

DNS VoIP NFS E-mail FTP WWW Application 

UDP TCP Transport 

IP Network 

HDLC AAL-5 Ethernet Physical 

Table (1): Simplified IP protocol stack [6] 
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1.1 Real Time Ethernet 

1.1.1 Ethernet today 

An important progress of the technological evolution, are the real-time electronic 
distributed control systéme, which are used up to control and monitor precautionary 
applications such as flight board to hospital operating rooms. Seeing that real-time systems 
become more dominant and developed, as well as the requirement to physically extend the 
control in strict real-time. In such a way there is a need for control network protocols to 
promote strict real-time demands. These networks should ensure a guarantee of service in 
order to consonantly operate deterministically and rightly. 

As defined in IEEE 802.3, Ethernet is un-necessarian, and then is inadvisable for 
hard real-time applications. The media access control protocol, CSMA/CD by its stand 
back algorithm, prohibits the network from boosting hard real-time communication due to 
its random retardations and potential transmission defection. 

Growing demand and decreasing costs for separate network type, from boardroom to 
plant-floor, have conduced to the advancement of Industrial Ethernet. The aspire to 
incarnate a real-time element into this increasingly popular single-network solution has led 
to the advancement of different real-time Industrial Ethernet strategies. Process field bus 
networking standards have misfired to give over an integrated solution. Looming real-time 
Industrial Ethernet solutions supplement the fieldbus standards such as, by the use of 
casual user layers. 

1.1.2 Real-time Introduction 

According to figure 1, real-time (RT) systems are becoming more and more 
important, as industries concentrate on distributed computing in automation. As declining 
computing costs, and computing power escalates, industry has depend more on distributed 
computers to provide performance and increased decree to production lines. RT is not 
faster execution, but it is a process depending on progression of time for useful operation. 

 
Figure (1): Distributed Real-Time Processing [7]. 
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RT systems are systems which depend not purely on the acceptance of data but also on its 
opportune. Correct RT system, is avouching successful system operation, as long as its 
timely execution is ruffled. In general, RT systems are separated into two divisions: hard 
and soft. 

 

Hard Real-Time (HRT)  are systems in which mistaken operation can get into tragically 
events. Fault in these systems can cause accidents or even death, for example train or flight 
control accidents. 

 
Soft Real-Time (SRT) are systems which are not fragile. When not encouraged,  

a mistake will not bring on loss of life or fortune. Safety of SRT systems is not as critical 
as HRT systems, and should not be used in a safety critical situation. 
SRT systems examples are online reservation systems. RT system's building blocks are the 
Jobs. Every RT job has definite temporal quantities: 

 

 
Figure (2): Temporal quantities of Real-Time job [7]. 

 

1. Release Time is, when a job becomes available to the system. 

2. Ready Time is the earliest time a job can start executing. 

3. Execution Time is the time for a job to be completely processed. 

4. Response Time is the interval between release time and completion of the execution. 

5. Deadline is the time by which execution must be finished, beyond which the job is late. 
A deadline can be hard or soft, recommending the job's temporal subservience. As 
referenced above, a waste hard deadline can have serious implications. 

To generate a RT distributed system of networked computers, it is fundamental to 
yield communication between the particular computers in a responsible and suitable way. 
Laid out processors leading RT applications should be able to be connected via RT 
protocol, alternatively the temporal grade of work is missed out.  
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Real-Time communication networks are the same as any RT system. They also can be 
hard or soft, this depends on demands and their jobs involve message transmission, 
promotion, and reception. Quantities of RT control networks are used in industry, but 
neither have the favours or bandwidth of Ethernet. 

 

1.1.3 The request for Real-Time Ethernet 

Request for Ethernet as a RT control network is growing as makers understand the 
goods of using a single network technology as been said. Lowered product costs with 
potentiality of overlaying training and up-keeping costs for information, operation level, 
control and perhaps device networks would extremely decrease manufacturer's expense. 

Pending RT control level, Ethernet suggests lots of initiatives over existing 
solutions. Like a control network, 10Gbps Ethernet gives bandwidth nearly 1000x more 
quick than today's reconcilable field-bus networks and can also under-prop RT 
communication. Distributed applications in control surroundings needs tight 
synchronization in order to undertake the delivery of control messages beyond established 
message cycle times (table 1). Field-bus systems and conventional Ethernet cannot comply 
cycle time needs below a few milliseconds, but looming RT Industrial Ethernet treatment 
provides cycle times of a few microseconds. 

 In conjunction with enhanced bandwidth and tight synchronization, RT Ethernet 
facilitate manufacturers the reliance of using a physical and data-link layer technology that 
has been normed by both the IEEE and the ISO. Ethernet can safeguard minimization with 
all the feature necessary of a field, control or tool network. Moreover, Ethernet devices can 
also under-set TCP/IP stacks in order that Ethernet can handily get in to the Internet. This 
release is enticing to employers hence it allows remote diagnostics, control and sighting of 
their operation network from any Internet-connected appliance around the world with a 
free license of web browser. For all Ethernet presents uppermost by its minimum message 
data size (46 bytes), that is great in comparison to given control network standards, its 
enhanced bandwidth, standardization and mergence with present technology should 
establish genial reasons to interpret Ethernet as a control network solution. 

 

1.2 TRANSMISSION PROTOCOL TYPES 

1.2.1 Transmission Control Protocol (TCP) 

One of the main protocols in TCP/IP networks is the TCP. While the IP proceeds 
with packets only, TCP provides two hosts to start a connection and exchange streams of 
data. TCP warranty consignment of data, and likewise that the packets are going to be 
delivered as well as were sent and in the same order. 
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TCP is a connection-directed protocol which is accountable for dependable 
communication between two end processes. The element of data transmitted is called a 
stream, that is just a succession of bytes. 

The meaning of being connection-directed or oriented is that ahead of starting 
transferring data, there is a need to open the connection between the two end points. Data 
transfer can be done in full duplex, which is sending and receiving on a single connection. 
After the transfer is done, the connection has to be close to free system resources. Both of 
the ends know when the transmission is started and when was ended. Before the agreement 
of both ends with the connection, the data transfer cannot come-true. The connection can 
be finished by whichever side, and the other is reported. This is made to end courtly or just 
abort the connection. 

Entity stream oriented entails that the data is an annominate sequence of bytes. 
Nothing can make data dividing line obvious. The receiver has no case cognizant of how 
the data was transmitted indeed. Data can be sent as a big part and the receiver receiving it 
in some few smaller parts, or the sender can send many small data parts and the receiver 
receives only one big part. It can be guaranteed that all data sent are going to be received, 
empty of any error and in the right order. If any error happens, it will be corrected as a self-
acting, in some cases transmitted again, when cannot be corrected it will be notified. 

The TCP stream seems like a flat file, at the program level. While data is written to 
a flat file, and read back after, it's impossible to recognize if the data has been written in 
more small portions or in only one part. Until there will be added something special in 
order to recognize record boundaries. 

At the programming level, it is completely simple to use TWSocket. For sending 
data there is a need to call the Send method in order to afford data to be transmitted. 
TWSocket will put it in a buffer unless it can be actually transmitted. In some case the data 
will be sent in the background and the OnDataSent event will be created when the buffer is 
emptied. 

A program has to wait while it receives the OnDataAvailable event, to be able to 
receive data. On each occasion a data packet comes from the lower level this event is 
launching. The application has to call the Receive method to get the data from the low-
level buffers. It's important to receive all the data available, to shirk from a never ending 
loop because TWSocket will start the OnDataAvailable again if all the data is not received. 

As mentioned above, the data is a stream of bytes. Then, application should be 
ready to receive data as sent from the sender, divided into smaller parts or combined in 
bigger parts. For example, while sending two separated words, it is possible to get only one 
OnDataAvailable event and receive it as one word in one chunk, or to get two events, one 
for each word. The third posibility is to receive smaller chunks by fragmenting the words 
into smaller parts. 
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1.2.2 User Data Protocol (UDP) 

The UDP is a connectionless protocol which runs on top of IP networks as TCP. 
But unlike TCP/IP, it grants very few error reparation services, bidding instead a straight 
way to send and receive datagrams across an IP network. It's used foremost for 
broadcasting messages over a network. 

UDP makes out a connectionless host to host communication path. It has minimal 
overhead; every packet on the network is built up of a small header and user data, which is 
called a UDP datagram. Datagram boundaries between both the sender and the receiver are 
preserved in UDP. It entails that the receiver socket is going to receive an 
OnDataAvailable event for every datagram sent, and the Receive method will return a 
complete datagram for each call. In the case of too small buffer, the datagram will be 
abbreviated. When the buffer is too large, the left over buffer space is not touched and only 
one datagram is returned. 

TheUDP is connectionless, which means that a datagram can be sent at any time 
with no earlier sign, negotiation or adjustment. The datagram is just sent hoping the 
receiver is able to handle it. This protocol is untrustworthy because, it does not guarantee 
that the datagram is going to be delivered to the intended host. But it's important to know 
that the fault liability is very low on the Internet and almost null on a LAN excerpt that the 
bandwidth is full.  

The datagram can be delivered in an incorrect order or undelivered. It means a 
possibility of receiving a packet before another one, even if the second was sent before the 
first. In some cases, the same packet can be received twice. [6] 

The main disadvantage for UDP is unreliablity, therefore it is complicated to 
program it at the application level. 

The main advantages are that datagram boundaries are recognized, the possibility to 
broadcast and that it's fast.¨ 

 

1.2.3 Addressing 

The same addressing scheme is used for both TCP and UDP. An IP address (32 bits 
number, always written as four 8-bit number couched in as unsigned 3-digit decimal 
numbers detached by dots) and a port number (16-bit number couched in as unsigned 
decimal number). 

The low level protocol uses the IP address to route the datagram to the selected host 
on the determined network. After using the port number to route the datagram to the 
correct host process. 

For both given protocols, a single host process exists at a time to receive data sent 
to the specified port. Commonly one port is dedicated to one process. 
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2 COMPRESSION METHODS, SPITH ALGORITM 

 

2.1 Data compression 

Data compression is often adduced as coding, where coding is a very general term 
comprising any special representation of data which fulfill a given need. Information 
theory is defined to be the study of productive coding and its consequences, in the form of 
speed of transmission and probability of error. Data compression may be viewed as a 
section of information theory in which the fundamental matter of act is to minimize the 
amount of data to be transmitted.  

A simple description of data compression is that it turns in transforming a string of 
characters in some representation into a new string which contains the same information 
but whose length is as small as possible. Data compression has important application in the 
fields of data transmission and data storage. Many data processing applications require 
storage of large volumes of data, and the number of such applications is constantly 
increasing as the use of computers extends to new disciplines. At the same time, the 
proliferation of computer communication networks is resulting in massive transfer of data 
over communication links. 

Compressing data to be stored or transmitted reduces storage and, communication 
costs. When the amount of data to be transmitted is reduced, the effect is that of increasing 
the capacity of the communication channel. Similarly, compressing a file to half of its 
original size is equivalent to doubling the capacity of the storage medium. It may then 
become feasible to store the data at a higher, thus faster, level of the storage hierarchy and 
reduce the load on the input/output channels of the computer system. 

 

2.2 MP3 

MP3 is a unique audio format that was proposed by the MPEG - Moving Picture 
Experts Group. It is a patented digital audio encoding format, which is using a form of 
lossy data compression. MP3 is a general audio format for consumer audio storage, as well 
as a de facto standard of digital audio compression for the transfer and playback of music 
on digital audio players. 

Lossy compression algorithm which is used in MP3 is designed to considerably 
decrease the amount of data needed to represent the audio recording and still sound like a 
loyal reproduction of the original uncompressed audio for users or listeners. An MP3 file 
that will result in a file that is typically about 1/10th the size of the compact disk file 
created from the original audio source is created using the mid-range bit rate setting of 128 
kbit/s. A file construction can be also at higher or lower bit rates, resulting higher or lower 
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quality. The compression works by lowering fidelity of certain parts of sound that are 
regardes as beyond the auditory resolution of most people. It inwardly provides a 
representation of sound during a short term time/frequency analysis window, by the use of 
psychoacoustic models to reject or reduce precision of components less audible to human 
hearing, and recording the left over information in an efficient manner. 

As mintioned above, MP3 is a lossy compression algorithm specially at the low-lying 
freuquence, that a human hearing cannot attend. That’s why this algorithm cannot be used 
on biosignals. 

 

2.3 Ogg Vorbis 

Vorbis is an open and free lossy audio compression project from the Xiph.org 
Foundation. It is frequently used in connection with the Ogg container and is then called 
Ogg Vorbis. It is important to know that even though the Vorbis format is often referred to 
as Ogg, this is technically wrong as Ogg is a container format while Vorbis is an audio 
codec. 

Ogg Vorbis is a new audio compression format. This is roughly comparable to other 
formats used to store and play digital music, such as MP3, AAC, and other digital audio 
formats. It is different from these other formats because it is completely free, open, and 
unpatented. 

At the moment Ogg Vorbis is tuned for bit rates of 16-128 kbit/s per channel, but can 
still be used to encode audio at any discretionary bit rate. Currently it is not viable to 
encode audio at a fixed bit rate since the Vorbis encoder at present supports only VBR - 
Variable Bit Rate, while emphasising a fixed bit rate is possible if the attitudinal audio 
quality is reduced. This happens because Ogg Vorbis does not have a method for evening 
out bursts of plosive sounds or other features requiring a temporary raised bit rate available 
in other formats, such as the bit chamber used by MP3 or the constrained VBR used by 
AAC.  

MP3 and Ogg are used for all audio signal range, which is (0 – 20000) Hz, for low-
frequence signal especial ECG, there will be enough to work with maximum size 2 kHz. 
For this reason will be used SPIHT Algorithm. 

 

2.4 SPIHT-Algorithm 

A. Said and W. Pearlman presented SPIHT (Set Partitioning in Hierarchical Trees) 
as an improved EZW algorithm, which was originally designed by J.M. Shapiro. The main 
difference between those two algorithms is in the usage of slightly different tree structure, 
which enables more frequent coding of an entire branch of the tree as a zero. SPIHT is a 
progressive iterative algorithm which is able to do wireless compression. 
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After the decomposition of the signal by wave-transformation into individual 
ranges, coding is performed which yields flow of bites. The flow of bites can be stopped 
anytime it is required. This enables to reach an accurately defined average length of a word 
(eventually predefined compression ratio). Coefficients of individual ranges of wave-
transformation are related and their relationship can be expressed by tree structure. 

 

 
Figure (3): The temporal orientation tree [19]. 

 

Terms 

 

For easier description of SPIHT algorithm the following terms were used. 

In SPIHT algorithm three lists are used: 

• LIP: List of insignificant pixels- contains individual insignificant coefficients. 

• LIS: List of insignificant sets- Contains trees or sets of insignificant coefficients. 

• LSP: List of significant pixels- contains individual significant coefficients. 

Trees of coefficients can be divided into two types: 

• Type D- inquires significance of all root components' descendants 

• Type L- inquires significance of all root components' descendants beside to lineal 
descents. 

During the classing gateway data within the LIP and LIS lists are controlled and 
significant coefficients are moved to the LSP list. If the significant coefficient is part of the 
tree, the rule for division of the sets is applied and the coefficient becomes root component 
of a new tree. Since the root component is usually significant, it is arbitrarily tested 
whether it is really significant.  

Here follows specification process. In this phase, in order to enhance coefficients 
accuracy is sent from the LIP list to output, next bit of the binary consecution its values. 
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The progression of the algorithm [10] 

 

1. The calculation of the original threshold. Initialization of LIP: All of the 
coefficients which are root components of a tree in the lowest range of 
decomposition. Initialization of LIS: All of the trees that were originally marked as 
type D.  

2. The significance of the LIP coefficients are tested whether they are really 
significant: 

-Yes- the coefficient is significant: 1 is sent to the output followed by a signed bite and the 
coefficient is moved to LSP. 

-No- The coefficient is insignificant: 0 is sent to the output. 

 

1) The significance of all of the LIS trees is tested- a tree is significant if some of its 
followers are significant (the followers of the trees are tested by the D/L type): 

-Type D: 

-Yes- the tree is significant: 1 is sent to the output and direct followers are tested as 
mentioned in 2:  

-Yes- direct follower is significant: send 1 to output and move to LSP. 

-No- direct follower is insignificant: send 0 to output and move to the end of LIP. 

- If the direct followers have further followers: 

                    -yes: moves the tree to the end of LIS as an L-type, 

                    -no: delete tree from LIS. 

-No- tree is insignificant, send 0 to output. 

 

-Type L: 

-Yes- tree is significant; send 1 to output and all of the direct followers are added to the 
end of the LIS list as type D, parental tree is deleted from LIS. 

-No- tree is insignificant, send 0 to output. 

 

2) Lowering the threshold and repeating the procedure according to step 2, until required 
number of bites in output is reached.   
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Adaptive Arithmetic Code  

 

This algorithm were taken from [16]. 

-O(i,j): set of coordinates of all offspring of node (i,j). 

-D(i,j): set of coordinates of all descendants of node (i,j). 

-H(i,j): set of coordinates of all spatial orientation tree root (roots in the highest 

 pyramid level). 

-L(i,j): D(i,j) - O(i,j)  (all descendents expect the offspring). 

 
Initialization  

n=[log2(max|coeff|)] 

LIP= All elements in H 

LSP= Empty 

LIS= D's of roots 

 

Significance Map Encoding 

Process LIP 

 for each coeff(i,j) in LIP 

  Output Sn(i,j) 
  If Sn(i,j)=1 

   Output sign of coeff(i,j): 0/1= -/+ 

   Move (i.j) to the LSP 

  Endif 

 End loop over LIP 

Process LIS 

 for each set (i,j) in LIS 

  if type D 

   send Sn(D(i,j)) 

   if Sn(D(i,j))=1 

        for each (k,l)�O(i,j) 

    output Sn(k,l) 

    if Sn(k,l)=1,so add (k,l) to LSP and output sign of coeff: 0/1= -/+ 

    if Sn(k,l)=0,then add (k,l) to the end of the LIP 
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        endfor 

   endif 

  else (type L) 

   send Sn(L(i,j)) 

   if Sn(L(i,j)=1 

        add each (k,l)� O(i,j) to the end of the LIS as an entry of type D 

        remove (i,j) from the LIS 

  end if on type 

 end loop over LIS 

 

Refinement Pass 

Process LSP 

 For each element (i,j) in LSP – except those just added above 

  Output the nth most significant bit of coeff 

 Enf loop over LSP 

Update 

 Decrement n by 1 

 Go to significance Map Encoding Step 
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3 SIGNALS AND BIOSIGNALS 

 

3.1 Signal 

In electronics, a signal is an electric current or electromagnetic field used to convey 
data from one place to another. In theory, a signal is a codified message, that is, the 
sequence of states in a communication channel that encodes a message. 

The simplest form of signal is a direct current (DC) that is switched on and off; this 
is the principle by which the early telegraph worked. More complex signals consist of an 
alternating-current (AC) or electromagnetic carrier that contains one or more data streams.  

Data is superimposed on a carrier current or wave by means of a process called 
modulation. Signal modulation can be done in either of two main ways: analog and digital. 
In recent years, digital modulation has been getting more common, while analog 
modulation methods have been used less and less. There are still plenty of analog signals 
around, however, and they will probably never become totally extinct. 

Except for DC signals such as telegraph and baseband, all signal carriers have a 
definable frequency or frequencies. Signals also have a property called wavelength, which 
is inversely proportional to the frequency. 

In some information technology contexts, a signal is simply "that which is sent or 
received," thus including both the carrier and the data together. In telephony, a signal is 
special data that is used to set up or control communication. 

 

3.2 Biosignal  

Biosignal is a summarizing term for all kinds of signals that can be continually 
measured and monitored from biological beings. The term biosignal is often used to mean 
bio-electrical signal but in fact, biosignal refers to both electrical and non-electrical signals. 

Electrical biosignals or bio-electrical signals are usually taken to be changes in 
electric currents produced by the sum of electrical potential differences across a specialized 
tissue, organ or cell system like the nerves system. Thus, among the best-known bio-
electrical signals are the 

• Electrocardiogram (ECG) 
• Electroencephalogram (EEG) 
• Magnetoencephalogram (MEG) 
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• Galvanic skin response (GSR) 
• Electromyogram (EMG) 

Electrical currents and changes in electrical resistances across tissues can also be measured 
in plants. 

Bio-signals may also refer to any non-electrical signal that is capable of being 
monitored from biological beings, such as mechanical sinals (e.g. the mechanomyogram or 
MMG), acoustic signals (e.g. phonetic and non-phonetic utterances, breathing) and visual 
signals (e.g. movements).  

 

3.3 Elektrocardiograph, (ECG recording) 

For detection and diagnosis of heart abnormalities, an instrument that indicates 
electrical potentials on the body surface and generates a record of the electrical currents 
associated with heart muscle aktivity is used. The graphic recording is also called 
Electrocardiogram. This recording is read by the usage of electrodes, amplified by 
amplifiers and graphically performed on paper. 

ECG reflects heart irritation. It does not show contraction (this can be transformed by 
other methods, as Echocardiography or heart examination by ultrasound). ECG waves and 
oscillations are results of projection of total electrical heart muscle dipole - cardiac vector. 

ECG vector stands for, direction of propagation final electrical potential. Resulting 
ECG vector is given by sizes and based on single parts of heart.  

 
 

Figure (4): Vectocardiogram [9] 
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Cardiac electric axis, is a direction of resulting vector in an R oscillation instant 
(ventricles depolarization) and is impressed with anatomical heart placing in the chest. 

 

3.3.1 ECG curve - description and monitoring 

ECG curve can be obtained by II. limb bipolar leads, this way was recorded the used file 
optaining ECG signal. 

 

 
Figure (5): Einthoven’s triangle [17] 

 

On curve there can be distinguished Q, R, S oscillations and P, T, in some cases U 
waves. QRS oscillations are referred to ventricular complex QRS. Width between waves 
and oscillations is called segment (e.g. PQ - from P wave end to QRS complex start). 
Segments along with waves form intervals PQ, QRS, QT. QRS complex can be measured 
as an interval or indicate its width or period in seconds. 

 

Isoelectric plane is horizontal line, which records electrocardiograph running idle. On 
this plane can be presented both PQ and ST segments. If the whole QRS complex is 
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predominantly set above isoelectric plane, it will be identified as positive. If the whole 
QRS complex is predominantly set under isoelectric plane, it will be identified as negative. 

3.3.2 Waves and intervals 

 

 

Figure (6): ECG curve [18] 

 
 
P wave –depolarization of the atria 
ST part and T wave – repolarization of the ventricles 
QRS wave – depolarization of the atria  

 

Figure (7): Waves [18] 

A typical ECG tracing of a normal heartbeat or cardiac cycle consists of a P wave, a 
QRS complex and a T wave.  
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P Wave 

Electrical vector is directed from the SA node towards the AV node, and spreads 
from the right atrium to the left atrium. Brew up during normal atrial depolarization. 
Normal P wave is 0,05 – 0,10 second long.  

PR/PQ interval 

 The PR interval is measured from the beginning of the P wave to the beginning of the 
QRS complex. It is usually 0,12 to 0,20 seconds long. On an ECG tracing, this corresponds 
to 3 to 5 small boxes. In case a Q wave was measured with an ECG the PR interval is also 
commonly named PQ interval. 

ST segment 

The ST segment connects the QRS complex and the T wave and has a duration of 
0.08 to 0.12 seconds (80 to 120 ms). It starts at the J point (junction between the QRS 
complex and ST segment) and ends at the beginning of the T wave. However, since it is 
usually difficult to determine exactly where the ST segment ends and the T wave begins, 
the relationship between the RT segment and T wave should be examined together. The 
typical ST segment duration is usually around 0.08 seconds (80 ms). It should be 
essentially level with the PR and TP segment. 

T wave 

The T wave represents the repolarization or recovery of the ventricles. The interval 
from the beginning of the QRS complex to the apex of the T wave is referred to as the 
absolute refractory period. The last half of the T wave is referred to as the relative 
refractory period (or vulnerable period). 

In most leads, the T wave is positive. However, a negative T wave is normal in lead 
aVR. Lead V1 may have a positive, negative, or biphasic T wave. In addition, it is not 
uncommon to have an isolated negative T wave in lead III, aVL, or aVF. 

QT interval 

The QT interval is measured from the beginning of the QRS complex to the end of 
the T wave. Normal values for the QT interval are between 0.30 and 0.44 seconds. The QT 
interval as well as the corrected QT interval are important in the diagnosis of long QT 
syndrome and short QT syndrome. The QT interval varies based on the heart rate, and 
various correction factors have been developed to correct the QT interval for the heart rate. 
The QT interval represents on an ECG the total time needed for the ventricles to depolarize 
and repolarize. 
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U wave 

The U wave is not always seen. It is typically small, and, by definition, follows the T 
wave. U waves are thought to represent repolarization of the papillary muscles or Purkinje 
fibers. Prominent U waves are most often seen in hypokalemia, but may be present in 
hypercalcemia, thyrotoxicosis, or exposure to digitalis, epinephrine, and Class 1A and 3 
antiarrhythmics, as well as in congenital long QT syndrome and in the setting of 
intracranial hemorrhage. An inverted U wave may represent myocardial ischemia or left 
ventricular volume overload.  
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4 LABVIEW  

 

LabVIEW is a short for Laboratory Virtual Instrumentation Engineering 
Workbench, which is a graphical programming language for instrumentation control and 
operation from National Instruments. In fact, it is much more than that though. It is a new 
way of programming based around the principle of dataflow programming. In Labview the 
code is broken up into various nodes called sub VI's. 

 There is no operative difference between a sub VI and the main VI or program other 
than the fact that the one is used inside the other. The key to dataflow programming is that 
a given sub VI must wait till all of its inputs are passable before it can work up that node. 
Labview supports true preventative multithreading provided of course that the operating 
system Labview is running on also supports it. This means that several VI's can run 
simultaneously improving the speed and overall performance of the system. 

 

4.1 Dataflow programming 

Programming language that is used in LabVIEW, is a dataflow programming 
language which is also referred to as G. Consummation is identified by the structure of a 
graphical block diagram whereon the programmer connects different function-nodes by 
drawing wires. These wires propagate variables and any node can perform as soon as each 
of its input data becomes available. Since this could be the case for m multiple nodes 
concurrently, G is inherently eligible of parallel execution. 

 

4.2 Graphical programming 

In LabVIEW, the creation of user interfaces called FRONT PANELS is tied into the 
development cycle. LabVIEW programs and subprograms are called virtual instruments 
(VIs). For each VI there are three components: a block diagram, a front panel, and a 
connector panel. The connector panel is used to represent the VI in the block diagram of 
other, calling VIs. Indicators and controls on the front panel, allows an operator to input 
data into or extract data from a running virtual instrument. Somehow, the front panel can 
be also engaged as a programmatic interface. Thus a virtual instrument can either be run as 
a program, with the front panel serving as a user interface, or, when dropped as a node onto 
the block diagram, the front panl defines the inputs and outputs for the given node through 
the connector pane. This implies each VI can be easily tasted before being incorporated 
into a large program as a subroutine. 

The graphical approach also allows non-programmers to build programs simply by 
dragging and dropping virtual representations of lab equipment with which they are 
already familiar. The LabVIEW programming environment, with the included examples 
and the documentation, makes it simple to create small applications. This is a benefit on 
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one side, but there is also a certain danger of underestimating the expertise needed for good 
quality G programming. For complex algorithms or large-scale code, it is important that 
the programmer possesses an extensive knowledge of the special LabVIEW syntax and the 
topology of its memory management. The most advanced LabVIEW development systems 
offer the possibility of building stand-alone applications. Furthermore, it is possible to 
create distributed applications, which communicate by a client-server scheme, and are 
therefore easier to implement due to the inherently parallel nature of G-code. 

 

4.3 Application description 

The aim of the proposed application is to transmit data from the sender to receiver at 
real time or nearly real time. Data are read from text file that can be chosen before starting 
the program, or from a live sound acquire. Decision about which of these two processes 
will be use for reading data is given by changing the source of the input. 

Transmission is performed by the use of UDP/IP for reasons mentioned in section 
(3.2.). The address of requested receiver for who are the data sent can be manually written 
at the UDP sender. After data gets to the address where thez were sent to, receiver saves it 
to a text file which can be chosen at the same moment of setting the receiver on. Data 
which are worked with, are displayed at both points, input of sender and output of receiver. 
This data displaying is made in order to control and compare two graphs. 

 
Figure (8): Block circuit diagram 

 

4.4 Data reading and transmission 

4.4.1 Sender initiation 

According to figure (8) blocks are used for opening and getting file, which contains 
an ECG signal. For having a possibility of working and processing with the signal, it 
should be formatted as text document, in order to get signal's amplitude in one column. 
Open File block opens the file that was chosen to work with, and send its content to Read 
File. This block reads the data and enables processing and working with data as string. For 
displaying the read data there is a need of changing data type from string to number. This 
is made by the use of Fract/Exp String To Number , and wire its output to a chart block.         



 

 35 

 
Figure (9): Choosing and opening a file 

 

4.4.2 Sound acquire – microphone 

Using sound acquire for getting data begins through the use of Sound Input 
Configure, which configures a sound input device to acquire data, then send the data to the 
buffer. For right using of block mentioned above, manual settings on its input at the Front 
Panel sould be made. Number of samples/ch is the number of samples per channel in the 
buffer. It is set on 2000 samples per channel because this is the sampling frequency that 
will be worked with. Device ID is the input device accessed for a sound operation. It 
should be selected at the default value of 0. Value ranges are from 0 to n-1, where n is the 
number of input devices on the computer. Sample mode specifies if the VI acquires only 
once which is Finite Samples or continuously which is Continuous Samples. In Finite 
Samples mode, call sound input read only until the written number of samples specified 
in number of samples/ch. In Continuous Samples mode, sound input read call repeatedly 
is needed. 

Sound format sets the acquisition rate, the number of channels and the bits per 
sample of the sound operation. Sample rate sets the sampling rate for the sound operation. 
Default value of 22050 Sample per second was chosen. Number of channels specifies the 
number of channels, for Mono is 1. Bits per sample specify the quality of each sample in 
bits. Common resolutions are 16 bits and 8 bits. Default value is 16 bits. 
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Figure (10): Setting sound acquires input 

 

Sound Input Read reads from a sound input device. On this block the number of 
samples/ch should be set as was set on the block above. Task ID is the sound operation 
from the configure device needed to manipulate or input, generated with Sound input 
configure. From the internal buffers data reads any sound data Y, sampling interval dt, 
and the time stamp for the first sample read t0, and show these values in Sound Values. As 
signal in graph, it is displayed on Microphone Data. 

 
Figure (11): Sound input read 

 

Right ending of this process is made by Sound Input Clear; it stops acquisition of 
data, clears the buffer, returns the task to the default un-configured state, and clears the 
resources associated with the task. STOP button serves for stopping acquiring data at any 
moment by the user. 
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Figure (12): Sound acquire 

 

 

 
Figure (13): Waveform chart of sound acquisition with sounds values 

 

 

4.4.3 Data selection 

As mentioned above, data are got by opening a file or by the use of sound acquire. 
This data are wired to Case Structure that includes one or more cases executes when the 
structure executes. Choosing which of the two cases to execute, depends on the value 
wired to the selector terminal. Case 1 is the default case that reads the data from opened 
file and sends it to the UDP Sender. Case 2 reads the data from the Sound acquire and 
sends it to the UDP Sender. 
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Figure (14): Sources of getting data from opened file 

 
Figure (15): Sources of getting data from sound acquire 

 

 

4.4.4 Sending initiation 

After getting and reading data to the Case Structure, and choosing which of cases to 
work with, data are sent to data in of UDP Write  that writes to a remote UDP socket. Port 
is the port of the address to which is needed for sending a datagram, it is added manually to 
the Front Panel. Address includes the address of the computer where the user wants to send 
a datagram. 

For using of UDP Write , there is a need of opening a UDP socket on the port, which 
is made by UDP Open block. Port is the local port with which user wants to create a UDP 
socket. Closing a UDP socket that was opened on the port is done by UDP Close. 
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Figure (16): UDP data sending to selected address 

 
For checking out the program was used IP address {127.0.0.1}, which is a local host 
address.The program was also controlled using two computers in the network, where the 
receiver had static IP address. 

 

4.5 Data receiving and displaying 

 

For receiving data there a UDP Open block, which opens a UDP socket on the port is 
used. Therefore there is a need for filling the port with which we want to create a UDP 
socket. This port can be fixed manually in the Front panel of the receiver as demonstrated 
in figure (17). 

 
Figure (17): Manual Port setting in the Front Panel 

 

4.5.1 Receiver initiation 

UDP Read reads a datagram from a UDP socket, and returns the results in data out in 
the case of receiving any bytes, otherwise it waits for the full timeout [ms]. In this block 
the maximum number of bytes to read at the max size should be fixed, the default number 
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is 548. Also timeout that controls if no bytes have been received within the specified time, 
it completes the function and returns an error, default is 25,000 [ms]. The value 1 used 
here, indicates to wait indefinitely. In the connection ID out, it returns similar value as 
connection ID received from UDP Open. At the data out, the data read from the UDP 
datagram, which are worked with, are obtained. 

For closing a UDP socket it used UDP Close block. It has an ability of identifying the 
socket needed to close. 

 
Figure (18): UDP receiver with stop button 

4.5.2 Reading and resetting bytes number 

Checking and reading number of bytes were received and adding them to the bytes 
read in a previous iteration is demonstrated in figure (17). Select depends on the value of s. 
If it is TRUE, the function returns the value wired to t input. If it is FALSE, the function 
returns the value wired to f input. This block is used for resetting the number of received 
bytes if needed. 

Adding of received bytes to the bytes read in a previous iteration is made by the use 
of Add, in the input it gets two numbers x and y, where one of them is data length taken 
from the UDP data out and the other is the result of Select. At the output it gives a sum of 
both numbers [x + y]. The sum of bytes received is visible in the Front Panel. 

 

Figure (19): Resetting the number of bytes received or sum with ones received in a 
previous iteration 
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4.5.3 Data storing 

In order to have a possibility of checking and controlling received data, whether they 
are consistent with sent data, there is a need to save them into a text file. For opening an 
existing file, creating a new file or replacing an existing file is used Open/Create/Replace 
File, choosing replace or create gives an option of replacing a file if it exists or creating a 
new file. 

Write to Text File  writes a string of data get into the text input to a file. The 
function opens or creates the file before writing to it and replaces any previous file 
contents. At the prompt  is written file name to which data should be stored. 

After saving data to the selected file and finishing this process, there is used Close 
File for closing an open file how is shown in figure below. 

 
Figure (20): File selection for saving or replacing data 

 

4.5.4 Displaying and case structure 

Data were saved into a file as mentioned above, have been used and stored as string. 
So data will be written and shown in one line, linked on each other. This causes 
unrecognizing and unknowing the ropes. For solving these problem there is used Case 
Structure that includes one or more cases executes when the structure executes. Choosing 
which of tow cases to execute depends on the value wired to the selector terminal. As 
shown in the figure below, to the selector terminal is connected Not Equal To 0?. It 
returns TRUE if the input is not equal to 0. Otherwise, returns FALSE. 

TRUE case contains Concatenate Strings block. This block concatenates three 
inputs into a single output string. One of the inputs is Empty String Constant, the other is 
Received Data and the last is End of Line Constant. This case set the data or numbers in 
the file were had been saved, above themselves and only one number in every line. Each 
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number is set into its place after ending one loop of shifting register, putting empty string 
and end of line. 

 
Figure (21): True Case: save data into a file in one column 

 

 
 

Figure (22): False Case: save nothing into the file 

 

Data displaying is made by using Fract/Exp String To Number . This block serves 
to interpret the characters which it gets from UDP data out and returns it in number. The 
display panel displays the default data for this function. 

 

4.6 Transmission realization 

 

 For correct use of Sender and Receiver, there have to be mentioned working plan. 
For initialization data transmission, first should be started the Receiver. And after choosing 
the file of data to transmit, Sender can be started. 

By starting the Sender, Sound acquire starts reading data continually until stopping 
process. Watching this data is able in the Front Panel of the Sender. 

In the Case structure of the Sender, can be changed between the data sources needed 
to transmit. Data sources are Sound acquire and Opened file. Data are sent to UDP Write 
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as string and transmitted to the added address. At the Receiver, data are received and 
repaired to be saved into a file in one column. 

 

4.6.1 Transmission checking 

After finishing of data transmission, user is able to control if the received data 
corresponds to the sent data. This control can be made by the comparison of sent data and 
the file chosen for saving data. 

According to figure (23), data in both files are the same, which means that data sent 
were received and saved into the chosen file. This is a proof of right data transmission. 

 

   
 

sent data     received data 

Figure (23): Comparison between sent and received data 
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CONCLUSION 

 

The theme of my bachelor thesis is designing and realizating a program in LabVIEW 
for the transfer of low-frequency signals, especially ECG signals. 

Theoretical part consists of transmission protocol types, real time Ethernet, 
compression methods and biosignals. Practical part is a realisation of the program for 
signal transfer-a sender a reciever program. This program is available on a compact disc 
which is attached to the work. The program was realised by two variants of data input- data 
recorded in the file are in a format of voltage level of real ECG signal, and data aquired in 
real-time by sound card.   

Realisation of a suitable compression algorithm is discussed and designed as a SubVI 
with the help of MathScript Node. The implementation of the compression algorithm of the 
sender-reciever was not fully accomplished, because the SPIHT algorithm cantains 
functions that LabVIEW do not support, for example wavelet transform. Other goals of my 
bachelor thesis were accomplished. The function of the whole application of data transfer 
was checked out on one computer, from which data were sent to local hosts address. 

Final version was tested on two independent computers containing Windows 
operating system, LabVIEW program and Internet connection. The computer with the 
reciever application must have static IP address. 

Result realisation of transfer confirmed that the system correctly transfers the signal 
as numbers, that you can see on figure (23). 
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ABBREVIATIONS  

 

IP  Internet Protocol 

QoS  Quality of Sound 

TCP  Transmission Control Protocol 

UDP  User Data Protocol 

RT  Real Time 

HRT  Hard Real Time 

SRT  Soft Real Time 

SPIHT  Set Partitioning in Hierarchical Trees 

EEG  Electroencephalogram 

MEG  Magnetoencephalogram 

EMG  Electromyogram 

ECG  Electrocardiogram 

MMG  Mechanomyogram 

LABVIEW  Laboratory Virtual Instrument Engineering Workbench 
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APPENDIX A - Sender's Block Diagram 
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APPENDIX B - Receiver's Block Diagram 

 


