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1 Introduction
Ericsson strongly supports the public Pan-European eCall as an important project for more safety on European roads after accidents happened, but also as an excellent platform in the car to bring further safety applications into reality, such as hazard warning to avoid traffic accidents as far as possible. Many other applications are expected to follow, once cars have such a radio-interface integrated.
The current 3GPP-standard for Inband transmission of the eCall data has, however, still several substantial drawbacks, which must be corrected, before the EC-funded field trials can start (2011). 

The Modem-kernel is obviously very powerful and state-of-the-art in design and performance: 
very good. The “Lower-Layer Protocol” around this Modem-kernel has quite some room for improvement; the current design is not “fool-proof”. But this can be corrected to some extend.
The “Higher-Layer Protocol”, as requested by CEN, is not really functioning and currently deeply intermingled with the Lower-Layer-Protocol; also this could and should be improved substantially, otherwise an evolution of the eCall standard into future, more-than-basic applications seems impossible. All in all: the current standards are more hindering than helping the eCall initiative.
Ericsson is willing and decided to support improving the Inband scheme as much as possible.

On the other hand – stating that frankly - Ericsson is convinced that the Inband transmission as such is not a good idea in times of “all-IP” networks. It will cost substantial efforts to introduce it into existing networks and to verify reliable performance all over Europe. It will further cost substantial efforts to mirror the PSAP-migration, from legacy-PSAPs to eCall-PSAPs, in all phases in the mobile networks: the routing tables within the MSCs will have to be updated frequently over the years. Then, finally, the Inband Modem, once introduced, will be cumbersome over all the years it is applied. All future evolutions of the voice path (new Codecs, new jitter buffers, new IP-transmission schemes, new radio interfaces, whatever) will have to be verified to reliably support the eCall transmission. We fear that is nearly “mission impossible”.
Therefore Ericsson has undertaken the effort to develop and implement an alternative scheme that works independently of the voice channel, works reliably in the GSM backbone today and in future, 3G, 4G and xG versions of mobile networks, without undue implementation effort in IVS and PSAP. This alternative scheme is called “eSMS” and is based as far as possible on existing building blocks and technologies, with substantial, although simple, enhancements, where necessary. The eSMS alternative as been presented in real-time demonstrations to the European Commission, to Ertico and many stake-holders in eCall. eSMS will be included in the coming field trials to show its superior performance. It will also help to separate PSAP-migration from mobile network operation and will allow a flexible evolution path into a bright future for eCall.
This paper is intended to inform 3GPP about these concerns and alternatives.

2 Questions/Remarks to draft eCall Inband Modem (9.3.0)

Ericsson has meanwhile implemented the eCall Inband Modem as specified in TS 26.268 in versions 9.1, 9.2 and the draft version 9.3. We use LapTops under Windows Vista or XP and analogue I/O-interfaces. With every revision we saw improvements, but also still problematic issues. This chapter discusses the most important remaining questions and remarks.
2.1 Principle of eCall transmission in draft version 9.3

All the following discussions are based on draft version 9.3.0 (not accepted so far).
2.1.1 Example PUSH
The following recording of the User Plane signals from PSAP (upper trace) and IVS (lower trace) has been taken with an ideal analogue shortcut between IVS and PSAP. No radio transmission, no Codec distortions have been included. The implementation under Vista requires, however, some audio-I/O buffering and this causes a one way delay of about 320ms. The Modem is tolerant to this delay.
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Figure 2.1.1.1: PUSH MSD in draft version 9.3.0
Figure 2.1.1.1 shows this User Plane recording. Details of the message flow can be found in the protocol-log-file in Annex 3. The IVS starts with the transmission of 5 SEND bursts.

The PSAP answers after the second SEND with 5 START bursts. 
Then the IVS replies after the third START with SYNC and MSD0 (the first 1+3 bursts in the second block from the IVS).
Then the PSAP in response sends 3 NACKs and 4 ACKs, then finally 5 HLACKs. 
Since the round trip delay is rather high the NACKs and ACKs from PSAP are seen rather late by the IVS and so the IVS continues with MSD1 (MSD1 is a short notation for MSD redundancy version 1). This is, however, only of marginal importance.

Once the IVS has received the second ACK it stops sending the MSD and waits for HLACK.

After the second HLACK the IVS resets (!) and searches for START again.

The essential transmission of the SYNC+MSD0 took about 1500ms. 
That’s fully in line with the documentation and the improved design for sync-tracking. 

But please note:

The voice path was blocked in uplink first for 1800ms and then for 2800ms. The voice path in downlink was blocked for 6800ms. We assume it would be very confusing to people at IVS and/or PSAP side, if they would perceive half-duplex channels and so we assume that both, IVS and PSAP will mute the acoustic output for the human listeners during the whole protocol time of 8000ms.
This is an improvement compared to the previous versions. But it is far longer than four seconds.

Please note also: this voice call blocking will appear in this form for any other re-PUSH by the IVS.

One question remains here: What will the IVS-Modem do with the remaining HLACKs?
The IVS still gets three more HLACKs from the PSAP, after the IVS has reset its State, and then nothing more. The three HLACKs are detected by the IVS, but wrongly interpreted as “inverted START”, the IVS is confused and continues listening for another 3 seconds, until it finally gives up.

The exact details can be found in Annex 3 “PUSH-930.xls”. This is not really a “dream-solution”.


Next Question: What happens, if the PSAP sends really START immediately after the first MSD transmission is finished? See the answer in the next chapter. This is really a “disaster”.
2.1.2 Example PUSH-quickly-PULL

Figure 2.1.2.1 shows the User Plane recording and Annex 4 “PUSH-PULL-930.xls”.contains the details for this exercise. The PULL trigger was given by hand immediately after the PSAP stopped sending the HLACKs. It is not easy to repeat this exactly, but several tries resulted in similar behaviour.
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Figure 2.1.2.1: PUSH-quickly-PULL MSD in draft version 9.3.0
The first part is as described above: SEND – START – MSD – ACK - HLACK. But then – within one second after the last HLACK – the PSAP sends 10 START bursts (we parameterized this number of STARTs to 10; there is no clear guideline in 3GPP how to do this). 
Obviously the IVS got enough of these STARTs (after a while of not listening) and so the IVS began to send SYNC+MSD0 and so on. The PSAP does not respond at all. Why? The IVS stops after many MSD-redundancies without feedback. The MSD was not successfully received (although transmitted) and the voice path was blocked quite long – nearly 15 seconds.
This protocol design has room for improvement and should be made “fool-proof”.
2.2 Codec Inversion
eCall Modem version 9.3.0 is said to have an improved detection of Codec Inversion. But at least the two examples above (PUSH and PUSH-quickly-PULL) show that Codec Inversion is detected wrongly by the IVS and is not corrected, although many correct START signals are received.

It seems “dangerous” to assume that a Codec Inversion can occur only once in a call. On the contrary it must be assumed that in general every handover could change the Codec Inversion again and again and the Modem must cope with that.
There is room for improvement.

2.3 Example: Simultaneous PUSH-PULL

For a long time the discussion went back and forth between “PULL the MSD” by PSAP or “PUSH the MSD” by IVS. Currently the PUSH is working assumption in CEN. But the PUSH variant has a noticeable longer transmission time (better to say: voice call blocking time) compared to the PULL variant. Some people express: “once all MSCs are upgraded we can change from PUSH to PULL”. This strategy would, however, require that the first IVSes must use PUSH (and will continue to do so), but somewhen the future IVSes must wait for PULL. How can the PSAP know, which IVS is calling in? It seems necessary that the protocol is “future proof” and allows PULL by PSAP, while older IVSes try PUSH at the same time.

We tested this in Versions 9.1 and 9.2: in both versions the LL-Protocol regularly “crashed”, i.e. it never ended, with ping-pong of START and SEND. Here the result (after some few trials, i.e. not fully verified) of version 9.3 in figure 2.3.1: it seems to work now! Good.
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Figure 2.3.1: Simultaneous PUSH and PULL
2.4 Clock Slip on Analogue Interfaces

Until version 9.3 the Inband Modem relied fully on exact sampling clock synchronization between IVS and PSAP. This assumption is, however, not justified. The existing specifications for Abis-, Ater- and A-Interfaces explicitly foresee measures to combat octet slips. So in general the clock sync can not be assumed end-to-end.

Further: This assumption would exclude analogue speech paths in the wireline part of the networks. While we may see today only few analogue lines in use, we can not exclude that they exist in some parts of Europe or the rest of the world and maybe in catastrophic events they must be reused.

Further: the existing interfaces in 2G- and 3G-chipsets for terminals include Bluetooth and analogue interfaces, but do not guarantee clock synchronization on these interfaces. The eCall Inband Modem would have to be integrated into these chip sets to guarantee clock sync.

Therefore we very much welcome the new draft (9.3.0) for the eCall Modem SW including now measures for sync tracking. 
This should allow analogue lines in the wireline part and within the IVS. By that a separation of eCall Modem and mobile chip set is possible.
Our tests are still ongoing to verify correct sync tracking, it is too early to conclude here.
2.5 Offset in eCall Modem signals

To overcome some observed Echo Canceller problems in some networks, version 9.2 introduced some changes in the design of the Modem signals and beneath other features a DC-component (offset) was introduced. We can see this offset in the User Plane recordings above and we can see especially its decay due to AC-coupling of the audio-I/O. We wonder a bit how this DC-component can improve the eCall performance, since most Codecs and many In-path-Equipments explicitly remove any DC-component from the speech signals. This is a typical measure to improve speech quality by removing unnecessary dynamic range.
This is not a strong critic, but more a question: can this offset really help?

2.6 Inband Modem Starting Procedure
One weak point in the current version of the Inband Modem is the starting procedure for the Modem transmission. While the discussion was going back and forth between PULL (initiation by the PSAP) and PUSH (initiation by the IVS) the current working assumption in CEN is PUSH:


The IVS starts immediately (? no exact time specified so far ?), after the terminal received the “connected” indication on the control plane, by sending 5 SEND bursts. These take about 2000ms in duration. If the PSAP does not react to these, the IVS stays passive “forever”. 
As far as we got feedback from PSAP-operators, many seem to apply various steps at call setup, from playing a welcome message to forwarding the call in cases of overload, and more. So it is not obvious, how the standard intends to ensure that all PSAPs will be able to receive this SEND signals reliably within the first 2 seconds.
The Modem protocol accepts the SEND as valid, when the PSAP-receiver detected “2 out of the 5” SEND bursts. If 4 these SEND bursts are lost, e.g. due to transmission losses or due to late setup of the Modem in the PSAP, then the eCall transmission never starts. 
We think this is too risky for a live-saving service.

On the other hand, sending these SEND bursts too long or too often would affect the voice communication too much, in case the PSAP is not upgraded and can not handle the eCall Modem.

We see no good solution to this conflict. It is inherent to the Inband approach. It may at the end be a serious problem for a wide and save application of eCall.
2.7 Protection against False Trigger
In order to avoid false trigger of the eCall transmission by speech or background noise, the original

eCall Modem design (used during the selection and still in version 9.3) foresees, that the IVS must see “3 START bursts in a row”, before it accepts the PULL-command from the PSAP. This was regarded as necessary and sufficient. It was sufficient as long as PULL was working assumption.
Now, with PUSH as working assumption, the “reverse” trigger-criterion in the PSAP is “2 out of 5” SEND bursts. This criterion is substantially weaker than the original criterion in terms of false trigger performance.
This means: if by coincidence the PSAP detects 2 SEND bursts “out of the blue” (i.e. without a legacy IVS sending them), the PSAP begins to send START signals (many, for a long time) and a  legacy IVS would have no means to stop this – except maybe by people shouting to the PSAP-operator to stop it (if the voice channel would be open, which it should not be).
We have not seen the analysis of this new “false alarm” performance and we can not judge this really.  It might be sufficiently safe, maybe not. But we may ask:

a) Why was the false-alarm-criterion in the PSAP designed so much weaker now?

b) If the new, weaker criterion is sufficient, why not change the “reverse” criterion in the IVS, too?

2.8 Why so many ACKs and HLACKs?

Version 9.3 specifies to send only five SEND signals, although these are “life-essential” for the eCall transmission to start. This may be too weak (see above).

The same version 9.3 specifies that at least 5 ACKs and 5 HLACKs shall be sent, although the MSD was already successfully received and although the IVS is satisfied with two of them each. These ACKs and HLACKs are far less important, compared to SEND or START: they do not jeopardize the eCall transmission, but just serve for a the proper termination of the successfully performed transmission.
It seems possible without risk to reduce the number of ACKs and HLACKs to maybe 3 each, taking the (small) risk that the IVS sometimes continues to send the MSD (in some rare cases) in more redundancy versions than absolutely necessary. If so (in rare cases) the PSAP could still send some more ACKs/HLACKs later to stop this.

In most cases 3 ACK and 3 HLACK are fully sufficient and therefore in most cases the voice call blockade is minimized. Only in few cases the protocol takes somewhat longer. In both cases the MSD transmission is identically save.

Important is that PSAP and IVS exactly know, how many ACKs and HLACKs are to be sent. The IVS must try to handle all correctly (see above).

2.9 LL-Protocol and HL-Protocol Separation
It is currently not clear what the intentions in CEN were and are with the HL-Protocol.

The current design in Version 9.3 allows only a few (16) HL-Commands from PSAP to IVS and only the transmission of the MSD in uplink. In addition these HL-Commands can only be sent immediately concatenated with the ACKs after a MSD-reception.

The only HL-Command that can be sent to the IVS any time is “START”, i.e. the command to repeat the MSD transmission.

The defined HL-commands “HL-ACK” and “HL-CLEARDOWN” can not be sent freely during or at the end of a call. Therefore their meaning is very limited and not really obvious.

Ericsson would suggest separating LL-Protocol and HL-Protocol clearly.

HL-Protocol elements should be:
- HL-PULL MSD

- HL-PUSH MSD
- HL-MSD transmission
- HL-ACK

- HL- CLEARDOWN
- maybe more in future.

All these shall be allowed any time during the call. Of course they would interrupt the voice path for a (short) while, but the flexibility in protocol, design and evolution is worth the price.
3GPP should specify a generic mechanism to send any HL-Message (known and today unknown ones) any time between IVS and PSAP, in both directions.

3GPP should specify a generic mechanism to send also data (more than a few commands) in downlink, from PSAP to IVS. This is essential for the future of eCall. See more below under chapter 3. So another HL-Protocol element like HL-DATA-in-DL is necessary.
Then HL-ACK may have the meaning: “now the human PSAP-operator has actively taken responsibility and the rescue operation has started”.

Then HL-CLEARDOWN may have the meaning: “the voiced call can be terminated, all necessary facts are known, the channel can be released for other emergency calls”.

The LL-Protocol would ensure that the MSD (or any other data set) is reliably transmitted.
The SYNC, MSD0, MSD1 etc, the NACK and the ACK signals belong to that LL-Protocol. 
Only with that clear separation eCall can evolve in future.
It is highly recommendable that 3GPP and CEN establishes a “Task Force” to discuss and agree these details commonly. Neither 3GPP nor CEN can solve these questions on their own.

3 eSMS: Alternative Transmission for eCall-Data

3.1 Motivation for eSMS

During the pre-studies for eCall transmission, the SMS-option was investigated and found unacceptable: Legacy SMS transmission has too many deficits, as:

1. SMS is not reliable enough: 
the usual SMS-Service-Centers may overflow in rush hours or in catastrophic events 
and may trash too many SMS; 

2. SMS is not prioritized on radio: 
it may be blocked in loaded cells;
3. SMS is not fast enough:
a standard SMS of 140 octets takes about 5 seconds on the GSM radio channel
and even 10 seconds, if an emergency voice call is ongoing in parallel;
4. SMS is not routed to the correct destination:
a standard SMS is sent to a fixed destination, but for emergency calls it should go to the next local PSAP, which is not known to the IVS.

Therefore the Inband solution was found to be the best compromise, considering the big variation in European Mobile Networks and Emergency Centers (including potentially even analogue telephone lines) and considering the assumption that eCall should be “invisible” to the mobile terminals and mobile networks.

Later, however, it was found that the mobile terminals (MS) and mobile networks (MSC) must at least be changed to some extend, as to allow call routing by the MSC to differentiate legacy emergency calls, manually triggered eCalls and automatically triggered eCalls. Otherwise the implementation effort in PSAPs would exceed all reasonable limits. For that purpose the so called “Service Category Information Element” was introduced in MS and MSC.

With these changes to MS and MSC agreed, the door to a much better solution is open: 
a modified SMS transmission has the potential to outperform any Inband Modem solution in all respects: transmission time, reliability, robustness, radio coverage, implementation costs, roll-out costs, maintenance costs, future evolution, flexibility in eCall applications, cooperation with “third-party eCall”.

3.2 Proof-of-Concept for eSMS
Ericsson has undertaken the effort to study such an “enhanced SMS for eCall” (eSMS) and a technical analysis can be found in Annex 1. 

Ericsson has also taken the effort to implement a “Proof-of-Concept” with eSMS-support in a GSM Mobile Station and the MSC, with the main eCall application running on Laptops for IVS and PSAP. This Proof-of-Concept implementation is now ready and has fully proven the concept. 
This real-life demo has been shown meanwhile to the European Commission in Brussels, to the Ertico partners and it was mentioned in the recent eCall Implementation Platform meeting in Brussels. Also at the ITS world congress in Busan, Korea, Ericsson has shown the demo with a lot of positive resonance. Annex 2 provides this presentation.

The real-life demo is available in coffee breaks. It also compares eCall Inband (d9.3.0) with eSMS. 
Everyone is invited to come to the Ericsson lab in Aachen to see to full eSMS solution including the modified MSC (which is not available in Barcelona today).

3.3 The Concept: Emergency Voice Call plus eSMS

The following block diagram shows the eSMS functionality of the Proof-of-Concept on high level.
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Figure 1: eSMS block diagram
In the following description the IVS-black-box is (for the purpose of discussion) divided into the IVS-functionality (assembling the eCall-data, handling the emergency-sensors and handling the Higher-Layer eCall Application Protocol) and the Radio Interface (e.g. a GSM chip set for Voice and SMS, or any other 3G or 4G chip set).

The standard emergency voice path is used (not shown) for Voice communication, with priority on the radio interface. The voice call routing may be as is today or may use the “Service Category” as specified for eCall. The PSAPs, if not upgraded, will not see any difference compared to today.

The IVS uses standard, available AT-commands to setup the emergency voice call as today to the emergency number 112 (or 911, or whatever applies or is known to the user). For these cases the MS does not need to be modified.

In order to use the Service Category for eCall some other numbers, like 1121 (manual trigger) and 1122 (automatic trigger) may be used on the AT-command-interface. 
In the Proof-of-Concept the numbers 113 and 114 have been used to steer the Service Category. The MSC always sees only the 112 at emergency call setup.

The MS has to be slightly modified for that. There is no difference to the Inband case.

The eSMS is characterized by a normal, binary SMS with SMS-Service-Center = 112.
The IVS uses also standard, available AT-Commands to send the eSMS-Data to the MS.

The IVS can set the SMS-Service-Center-Number with existing AT-Commands to 112.
The existing signaling channels (dashed lines) are used for eCall-Data transfer.

If the voice traffic channel is setup (it is sufficient that the call is in alerting-state), the eSMS is running fast over the existing GSM FACCH channel. The eSMS gets in this way the same high priority as the emergency voice channel on radio. The FACCH is the radio signaling channel for the logical “SAPI-0” link between MS and MSC. The eSMS can be sent over this link without any modification in the radio network. Just the MS and the MSC must be changed slightly.
This FACCH signaling link is mainly used in GSM for call control, especially for reliable handover handling. Therefore the FACCH is one of the most protected, most reliable channels in GSM. For eSMS we could even improve the performance by specifying a higher number of re-transmission attempts in case of very marginal radio performance. Also this change is trivial.
Each FACCH frame transmits 20 octets of “user information” well protected by FEC and CRC. Each FACCH frame is acknowledged and, if necessary, repeated for reliable transmission. 
To transmit an eSMS of 140 octets, including its SMS-header of about 40…60 octets, we need about 10 such FACCHs. The distance between such FACCH frames is about 7 speech frames or 140ms. A full SMS of 140 octets needs about 1400ms. The eSMS with the currently defined 70…80 octets needs about 980ms. Higher-Layer Messages for eCall (some few octets long) need about 420ms.

The FACCH is stealing speech frames, so in theory it is affecting the voice quality. But since the distance between stolen frames is so large and since the FACCH is exactly marked as “stolen” and error concealment is therefore very efficient, this stealing-effect is hardly noticeable. Normal users will not hear the FACCH effect. The voice quality degradation is in no way annoying. In 3G the SMS transmission during a voice call is fast and reliable enough without any change and without any degradation.

The MSC filters the eSMS (SMSC=112) out of the millions of normal SMS and send the eSMS-content transparently, directly and fast via secured IP to the next local PSAP. This filtering and routing function for eSMS is the deciding improvement for eSMS.

The Proof-of-Concept uses SIP-Messages between MSC and PSAP, because these are simple to implement and decode and are reliably transmitted through the public internet. The modifications in the MSC are small and in no way any significant load for the MSC.

The implementation in the PSAP is trivial, assuming that an eCall-equipped PSAP will have IP-connectivity anyway. The PSAP acknowledges the reception of the SIP-Message (and the successful CRC-check) with SIP 200 OK and the MSC sends then the usual SMS-Acknowledgement to the MS. At the point in time, when the MS sees “SMS sent”, the eCall-Data are already within the PSAP (and not only in the SMS-Service-Center as usual). 
Since no SMS-Service-Center is involved and the SIP-Messages are fully hand-shaken, the likelihood for lost eCall-Data is de facto zero. This is the second most important improvement.
Typically the eCall-Data are delivered to the PSAP before the voice call is accepted, i.e. during the call alerting phase. If so, then of course no speech quality degradation is present for this first eCall-Data. The concept includes further retransmissions of the eCall Data during the call or additional High-Level commands or additional Data exchange and these will run typically during the voice call. As said: they will de facto not be audible in GSM and not interrupting the voice communication at all. All will be quite fast: One eSMS within 1.5 seconds is possible.

The MSC routes the eCall-Data to the same local PSAP as the Emergency Voice Call, or – maybe preferred – to a central eCall-Data-Server, from which the local PSAPs (once they are upgraded) get the MSD via IP-connection.
The concept of a central eCall-Data server is of course only one alternative and it is up to the PSAP-organizations and national authorities, how they organize this.


The central eCall-Data-Server would have several advantage:
a) the routing tables in the MSCs could be minimized to one IP-address only 
b) the migration of the PSAPs from today (none with eCall) to future (all fully eCall-upgraded) 
    would be invisible to the Mobile Networks (!) and only handled by the PSAP-organisations.
c) only eCall-upgraded PSAPs would need to consider eCall-Data (no effect of “PUSH”-signals)
d) the eCall-Data would be stored always for post-processing, even if the local PSAP is (still) 
     not eCall-upgraded, but must handle the emergency call for whatever reasons.
This potential to separate PSAP-Migration from Mobile Network maintenance is another substantial advantage of eSMS.

The correlation between Voice Call and eCall-Data within the PSAP is based in the phone number of the IVS. For both, the voice call and the SMS, the Serving MSC is adding this MSISDN of the IVS, so there is no risk of inconsistency.

Finally, to make eSMS extremely reliable, the eCall-Data are protected by a strong 28-Bit CRC within the eSMS and within the SIP-Message. The Proof-of-concept uses exactly the same CRC as in the Inband solution. So even in the unlikely case that the eCall-Data arrive with errors in the PSAP, these (rare) errors can be detected very reliably and then a re-transmission can be ordered. The CRC applies also for all HL-Protocol-Messages in both directions. It is de facto impossible to get a wrong HL-Message in eCall, although the underlying SMS protocol is far less reliable.

Also this is a substantial enhancement to pure SMS transmission.

In order to allow a smooth evolution path for eCall a fully flexible two-way communication (eSMS in both directions) is supported. All the powerful tools and procedures already defined for SMS can be applied. Since these tools (SMS-Header) and the 28-bit CRC take some space in the SMS-body, the effective transport capacity of one eSMS for the eCall data is 140-4-8=128 octets. If that is not sufficient, then SMS-concatenation can be used of course. The currently defined eCall-Data (70...80 octets) are still far from this limit.

In the Proof-of-Concept implementation we support a fully flexible Higher-Layer Protocol , 
as examples we implemented the following HL-Messages with some proposed meaning like: 

HL-ACK: 
the PSAP has not only accepted the emergency voice call (somehow)
 

and the eCall-Data have been received successfully (in the background),
 

but the handling of the emergency situation is now actively taken forward by a 
 

human operator.


This meaning is a substantially different to the HLACK currently used in the Inband
 

Modem, where the HLACK must be sent automatically, immediately after the MSD
 

transmission is finished, regardless, if a human operator can take action.

HL-PULL:
the PSAP-operator actively (or the system automatically) asks for an updated MSD.


This is similar to the “START” signal in the Inband solution, just inaudible.

HL-PUSH:
the victims in the car (or the IVS automatically) repeat the updated MSD.
 

This is helpful, if the car is still in motion, e.g. in case of bushfire or other threat.

HL-CLEARDOWN:
the PSAP-Operator signals actively to the IVS that the emergency call 



handling is now in a state, where the emergency voice call can be
  


terminated.



This message can be sent any time; this is a fundamental difference to the 
 


cleardown in the Inband solution, which can only be sent after an MSD.

Of course the evolution of this HL-Protocol is de facto unlimited. Important future steps may be: 
a) exchange of encryption keys between PSAP and IVS for a secured transmission of the personal
    and sensitive eCall-Data. This might proof to be essential.
b) text chat between IVS and PSAP for hearing impaired persons (Text Telephony).
     Non-European countries have this as legal requirement.
c) additional eCall-Data, e.g. as currently under discussion in Brussels for heavy vehicles with
    dangerous goods or for motorcycles.

Many of these additional services can not be realized with the current Inband Modem.


3.4 Summary and Conclusion

The performance of eSMS, with eCall-Data/eSMS/FACCH on radio and eCall-Data/SIP in the landline part, is remarkable in all aspects. It is hardly possible to find a more reliable transmission channel in today’s mobile networks. 
The area coverage of eSMS is remarkably bigger that for eCall Inband, especially in rural, thinly populated areas or inside buildings. 

The flexibility of eSMS mirrors state-of-the art protocol design and allows a flexible path into future.

The impact of eSMS on the mobile networks is minimal and characterized by “once-upgrade – never touch again” of the MSCs. Since the MSC must be upgraded anyway due to the Service Category handling and the eCall voice-routing, the additional effort for eSMS is zero. The MSC upgrade (in the Ericsson MSC) can be performed without any restart and without any interruption of the ongoing traffic.
The migration of the PSAP-organizations can be totally decoupled from the mobile networks (!).

The future evolutions of the speech path (new Codecs, new radio interfaces, all-IP) are totally decoupled from eCall.
The implementation efforts in IVS (just send/receive SMS) and PSAP (send/receive SIP Messages) are minimal.

The modification of the GSM chipset can easily be done by SW-upgrade, no processing power is necessary to send the eSMS via FACCH.

The SMS/FACCH feature could be made available for Third-Party-eCall Services, allowing a much faster, much more reliable transmission of these data via SMS.

4 Attachments
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