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1. Module Objectives

At the end of the module the student is able to:

· explain the needs of signalling

· describe the C7 protocol stack and their functions in telephone exchanges and how they are different for GSM compared to PSTN.

· explain the protocol stacks implemented in each GSM network element BSC, MSC and HLR

· Explain the specific needs for the GSM network and the additional protocol layers.
· Explain the SS7 requirements for individual GSM element (MSC/HLR/BSC).

2. Introduction

Signalling in telecommunication networks has come a long way since the early days when an old lady used to sit at the central exchange. Telecommunication networks were quite crude and the general procedure of setting up a call would go something like this:

You would pick up the 揾andset?of your telephone, and,  if you were one of the lucky ones,  you would not have to wind up the motor. The current would flow to the exchange and a light would start blinking accompanied by a sound. This would let the old lady knontw that you are requiring service. She would plug in one connector to your terminal and  the other to her 揾eadphone?and inquire about whom you wanted to talk to. After listening to your answer, she would then try to connect you to the person you want to talk with. 

thThen she would pull out the connector jack from your terminal and connect it to your intended party. He would then hear his phone ringing. After he answers, the lady will connect you to him. While you are talking, she will supervise, and once the  conversation is over (which will be indicated by another light), she will 損ull out your plugs.?That would be a typical scenario at a telephone exchange during the first half of  this century. 
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Figure 2.1  
Signalling in the old days.

2.1. Standard Messages

Let us once again go over the actions and see what exactly is happening.

1. When you lift the receiver the light at the exchange starts to glow with a sound. An Indication that you need service.

2. The lady asks you whom you want to talk with and you tell the person抯 name. oAn indication that service will be provided with a further request for address, which is provided.

3. She makes connection to your desired party and the phone starts ringing. Connection of the speech path and alerting the called party.

4. The called party answers, and is connected to you. Answer and conversation.

5. The lady at the exchange monitors your call during the conversation. Supervision.

6. When you hang up, a light glows to indicate this and she pulls out the plugs.  An indication of disconnection and clearing of the call.
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Figure 2.2 
Signalling Operations

This example highlights two important aspects. The conversation, which is the primary task, and what went on behind the scene to make that conversation successful. This has  been the essence of Signalling in telecommunication for a long time. Signalling is required to set up, supervise,  and clear a call. It also shows another aspect of signalling. If you go back and see the text in boldface, it can be seen that there is a uniform set of standard messages in the signalling repertoire. Over the years there has been a lot of improvement in the technology and the old lady has long since been replaced by automatic digital switching exchanges. They are still doing exactly the same job as the old lady, but faster and more reliably over a global network.

2.2. Implementation and Evolution

As mentioned in the previous section, signalling in telecommunication systems is basically a set of messages used for setting up the call. The implementation is where the difference started cropping up.

How to send the signal? 

Along the voice path? 

Different path? 

What voltages? 

What frequencies? 

What messages? 

How to code them? 

These are just some questions that should point to the fact that there were several different methods of implementing signalling systems, and  that is exactly what happened.

Different signalling standards were developed in different parts of the world. They were all doing the same task, but in a different way. This would obviously mean that when a call originates in one network with one type of signalling implementation and terminates in another network with another type of signalling system, some compromise, or adaptation would have  to be used. Due to these kind of differences the then international governing body for tele-communications, CCITT, recommended the Channel Associated Signalling System (CAS) as the standard. 

Drawbacks of the CAS System
As a signalling system for setting up calls CAS was a very good system that performed quite well. A large number of telephone exchanges in the world are still using this system. But it抯 implementation is such that, it is only suitable for cases where traffic is low. Another problem with CAS is that it is not possible  to send signalling messages in the absence of a call. This causes bottlenecks and waste of bandwidth.

 Seeds of Common Channel System
Around this time in America, another signalling system was being used which was called the Inter Office Common Channel Signalling System. There were a number of versions of that, but the one that was the best was version no. 6. One of  the biggest advantages of this system was that signalling did not have to go along the same path as speech. Using this system as the basis, CCITT came up with a new recommendation for Signalling System which was the Common Channel Signalling System Number 7. It is abbreviated as CCS7, CCS#7, SS7 or simply C7 but they all refer to the same system. Let us take a closer look at this system in the following sections.

3. Common Channel Signalling System No.7

At the beginning the common channel signalling system number 7 (hereafter mentioned as SS7) consisted of two parts. The first part was responsible for transferring the message within a signalling network. The second part was the user of these messages. 

As an analogy we can compare it to two managers with their own message runners. One manager writes a message, puts it in the envelope and gives it to the messenger. The messenger in turn looks at the address on the  envelope, and gives it to the messenger of the other manager. The messenger of manager B looks at the address and gives it to his manager, who will then read and act as necessary. 
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Figure 3.1 
Message bearers taking the message to their managers

Thus the initial phase of SS7 consisted of two parts

1. Message Transfer Part (responsible for transferring messages)

2. Telephone User Part (user of messages)
3.1. Message Transfer Part

We have so far established that signalling is used for setting up calls, and that there are standard sets of messages which are send back and forth to help facilitate this. The part which is responsible for  taking these messages from one network element to other network element is known as the message transfer part (MTP). The entire SS7 is built on the foundation of this MTP. The MTP itself consists of three sublayers as  shown in figure 3.2
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Figure 3.2 
Message Transfer Part Layers

The lowest level, MTP layer 1, defines the physical and electrical characteristics such as voltage levels. MTP layer 2 (Data link control) helps in error free transmission of the signalling messages between adjacent elements. MTP layer 3 (called network layer) is responsible for taking the message from any element in a signalling network to any other element within the same network.

3.2. Telephone User Part
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Figure 3.3 
Protocol stack of MTP and TUP/ISUP

The foregoing explained the MTP. But who is the user who receives, sends and acts on these messages? The answer is the Telephone User Part (TUP). Those standard sets of messages that were mentioned previously are the standard TUP messages which help to set up the call, to supervise and clear it.  

Thus, in the fixed telephone network (for many years), SS7 consisted of only two parts, the MTP and TUP. The CCITT allowed for small variations in messages within one country alone. These variations were minor and were still very much similar to TUP, but they were called the National User Part (NUP). 

With the advent of Integrated Services Digital Network (ISDN), which has a broader capability than PSTN, some extra sets of messages were required. These became known as the ISDN User Part (ISUP). Whether it抯 TUP,  NUP or ISUP they are all doing the same job in helping to set up a call.

e

3.3. Signalling Connection and Control Part

The above structure of SS7 with TUP/NUP/ISUP on top of MTP was quite satisfactory for call handling. However, with the passage of time and the development of newer and advanced technology, signalling requirements also started to become more stringent and  demanding. 

For the first time it was realised that TUP/MTP combination alone was not sufficient when virtual connections became necessary. Consider a switching exchange A which has to communicate with exchange D. There is no direct connection between them. So a circuit has to be established and maintained joining A-B-C-D for the duration of the signalling communication. From exchange A抯 side it would appear that it is communicating directly with D and at D it would appear as if it was talking directly with A. MTP is 

not capable of making these virtual connections.
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Figure 3.4 
Virtual Connections

The second instance when the TUP/MTP structure is inefficient is when a signalling message has to be sent across multiple networks in the absence of a call. MTP is capable of routing a message within one network only. The case of setting up a call across multiple networks is not the same as signalling across the  same networks. The signalling goes leg by leg according to the call. But in the absence of a call MTP can not route a signalling message across multiple networks.
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Figure 3.5 
SCCP protocol position

The solution to these two problems was the creation of another protocol layer on top of MTP which was called the Signalling Connection and  Control Part (SCCP). SCCP takes care of the above mentioned tasks of virtual connection and connectionless signalling. Note that the tasks of TUP and SCCP are different, and thus they are parallel to each other, but both use the services of MTP.

As far as the fixed telephone network (the Public Switched Telephone Network, PSTN) is concerned, this is all there is to SS7 and these three protocol layers are serving the purpose very well. At the moment there is no other protocol in SS7 for PSTN exchanges.

3.4. Summary

MTP is the message transfer part. It is responsible for transferring messages from one network element to another within the  same network. It consists of three sublayers.

TUP is the user part of  the messages transferred by MTP. These messages deal with setting up, supervising and clearing the call connections. It has two variations: NUP and ISUP.

SCCP is the signalling connection and control part. It抯 main function is to provide virtual connections and connectionless signalling.

4. eSS7 in GSM Networks

In GSM networks signalling is not as simple as in PSTN. There are extra signalling requirements in GSM because of the different architecture of the network which requires a high amount of non-call-related signalling. In the first instance the subscriber is mobile, unlike the PSTN telephone which always sits at one place. So a continuous tracking of the subscriber has to be done. This results in what is known as the Location Update procedures. This procedure is a case of non-call-related signalling , where the mobile phone and the network are communicating but no call is taking place. Thus additional sets of standard messages were required to fulfil the signalling requirements of GSM networks.

These additional protocol layers are

1. Base Station Subsystem Application Part (BSSAP)

2. Mobile Application Part (MAP)

3. Transaction Capabilities Application Part (TCAP)

4.1. Base Station Subsystem Application Part (BSSAP)

The first of these additional protocol layers, which are specific to GSM networks, is the Base Station Subsystem Application Part (BSSAP). This layer is used when an MSC communicates with the BSC and the mobile station. Since the mobile station and MSC have the BSC in between, there must be a virtual connection, thus the service of SCCP is also needed. The authentication verification procedure and assigning a new TMSI all take place with the standard sets of messages of BSSAP. Communication between MSC and BSC also uses  the BSSAP protocol layer. Thus BSSAP serves two purposes, the  first is the MSC-BSC signalling and the second is the MSC-MS signalling.
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Figure 4.1 
BSSAP in SS7

4.2. Mobile Application Part

The example of a location update procedure mentioned previously is not confined to the MSC-BSC part. It spans multiple PLMNs. In case of a first time location update by an international roaming subscriber (where he is not in his home network), the VLR has to get the data from the subscriber抯 HLR via the gateway MSC of the subscriber抯 home network. While a mobile terminated call is being handled the MSRN has to be requested from the HLR without routing the call to HLR. Thus for these cases another protocol layer was added to the SS7 called Mobile Application Part (MAP). MAP is  used for signalling communication between NSS elements. But note that MSC-MSC communication using MAP is used only in case of non-call-related signalling. For routing a call from one MSC to another MSC we still use TUP or ISUP.

4.3. Transaction Capabilities Application Part

In MAP signalling, one MSC sends a message to HLR, and that message requests (or invokes) a certain result. HLR sends the result back, which may be the final result or some other messages might also follow (or it might not be the last result). These invocations and results that are sent back and forth between multiple elements using MAP need some sort of secretary to manage the transactions. This secretary is called the Transaction Capabilities Application Part (TCAP). This completes the SS7 protocol stack in the GSM network and their functions. The SS7 picture is  now complete.
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Figure 4.2 MAP and TCAP

4.4. Summary

	Protocol
	Name
	Function

	MTP
	Message Transfer Part
	Responsible for transferring an SS7 message from one network element to another within the same signalling network

	TUP

NUP

ISUP
	Telephone User Part

National User Part

ISDN User part
	User parts of MTP. They send, receive, analyse and act on the messages delivered by MTP. All of these are Call control messages that help in setting up, supervising and clearing a call.

	SCCP
	Signalling Connection and Control Part
	Protocol layer responsible for making virtual connections and making connectionless signalling across multiple signalling networks.

	BSSAP
	Base Station Subsystem Application Part
	Protocol layer responsible for communicating GSM specific messages between MSC and BSC, and MSC and MS.

	MAP
	Mobile Application Part
	A GSM specific protocol for non-call- related applications between NSS elements

	TCAP
	Transaction Capabilities Application Part 
	Protocol layer responsible for providing service to MAP by handling the MAP transaction messages between multiple elements.


5. SS7 Layers in GSM Elements

In this section,  the SS7 requirements for individual GSM elements will be shown. The previous sections explained why SS7 was needed in GSM and what are the protocol layers that are used. It is useful to note that not all the GSM elements have all the protocols mentioned. For example, a BSC would never need TUP because call control is not the task of BSC.

5.1. Protocol Stack in MSC

Since MTP is the foundation on which SS7 is built, this will be required for every element which is capable of processing the SS7. MSC is the element in GSM networks which is responsible for call control. Thus TUP/ISUP lies on top of MTP for that purpose. Besides this MSC/VLR, is also responsible for location updates and communication with BSC and HLR. For this reason it also needs to have BSSAP and MAP which reside on top of SCCP. MSC also has TCAP to provide services for MAP. Thus MSC/VLR has all the SS7 protocol stacks implemented on it.
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Figure 5.1 Protocol stack in MSC

5.2. Protocol Stack in HLR
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HLR is not responsible for call control, so TUP/ISUP is not necessary here. HLR also does not communicate directly with the BSC, thus BSSAP is also not needed, which leaves MTP, SCCP, TCAP and MAP for the HLR.

Figure 5.2 Protocol stack in HLR

5.3. Protocol Stack in BSC

From the BSC抯 viewpoint we only need BSSAP here. However, since BSSAP needs the services of SCCP which in turn needs MTP, we have MTP, SCCP and BSSAP in BSC.
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Figure 5.3 Protocol stack in BSC
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Figure 5.4 
SS7 Protocols in various network elements.

5.4. Summary

The following table highlights the function of the SS7 protocol in every GSM network element capable of processing SS7. The intersection box of the element and the protocol gives the purpose of that protocol in the that element. If a protocol is not available in an element, the box says 揢navailable.
n
	
	MTP
	TUP/ISUP
	SCCP
	BSSAP
	MAP
	TCAP

	MSC
	Transfer of SS7 messages between different network elements
	Setting up, supervising and clearing call connections
	Connection-less signalling and virtual connections
	GSM signalling with BSC and MS
	GSM Specific signalling with HLR and other MSC
	Service Provider to MAP

	BSC
	Transfer of SS7 messages between different network elements
	Unavailable
	Virtual Connection between MSC and MS
	GSM Signalling with MSC
	Unavailable
	Unavailable

	HLR
	Transfer of SS7 messages between different network elements
	Unavailable
	Connection-less signalling
	Unavailable
	GSM Specific signalling with MSCs and other HLRs
	Service Provider to MAP


6. Summary of Learning Points

· Signalling is the transfer of information between subscriber interface points and the network and between different network elements to help establish a call.

· Signalling Information is interchanged as standard sets of messages which was developed and standardised in to the present SS7 system..

· GSM networks need non call related signalling which is possible with SS7.

· The SS7 used in PSTN networks is not sufficient to fulfil the signalling requirements of GSM networks, thus new protocols specific to GSM were developed.

· MTP is the basis of SS7, and it is responsible for transferring of signalling messages form one element to another within the same signalling network

· TUP/ISUP are the user parts of MTP which handle call control.

· SCCP is needed for virtual conniptions and connectionless signalling

· BSSAP is used for signalling between MSC-BSC and MSC-MS

· MAP is needed for signalling between MSC-HLR, MSC-VLR, HLR-VLR (and MSC-MSC in case of non call related signalling)
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