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1 Introduction
The specification of media handling in media gateways have been discussed for several meetings.
The following clarifications were requested at the SA4#40 meeting, ‎[1]:
· How does the architecture look like?
· How interoperability would work?
· What are the benefits of specifying MGW capabilities?
This contribution tries to answer some of the questions that were raised at the SA4#40 meeting.
2 Architecture
The architecture of IMS is described in TS 23.228, ‎[3]. The IMS-MGW in the IMS architecture is shown in Figure 1.
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  Figure 4.0: Reference Architecture of the IP Multimedia Core Network Subsystem  


Figure 1. Figure from TS 23.228
. The IMS Media Gateway has been highlighted

The architecture for UTRAN and GERAN is described in TS 23.002, ‎[2]. Figure 2 shows the architecture of a PLMN supporting both CS and PS network.
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  Legend:   Bold lines:   interfaces supporting user traffic;   Dashed lines:   interfaces supporting signalling.   NOTE 1:   The figure shows direct interconnections between the entities. The actual links may be provided by an underlying  network (e.g. SS7 or IP): t his needs further studies.   NOTE 2:   When the MSC and the SGSN are integrated in a single physical entity, this entity is called UMTS MSC (UMSC).   NOTE 3: A (G)MSC server and associated CS - MGW can be implemented as a single node: the (G)MSC.   NOTE 4: The Gn in terface (between two SGSNs) is also part of the reference architecture, but is not shown for layout  purposes only.   NOTE 5: The Go interface marked with a '*' has been included to this figure for backwards compatibility only, in order to  support connecting  to Release - 5 IM CN Subsystem configurations     Figure 1: Basic Configuration of a PLMN supporting CS and PS services and interfaces  


Figure 2. Figure 1 from TS 23.002
, Media gateways have been high-lighted
3 Media paths
The media between a CS mobile and a PS mobile can go different routes depending on how the system is configured. The following figures show a few simplified media paths that may occur in CS to PS calls.

[image: image3.emf] 

CS  CN  

PS RAN  

CS RAN   UE - A   (CS)   IM - MGW  

UE - B   (PS)   MRFP  

PLMN  CS  

P S  CN  

PLMN  PS   IMS  


Figure 3. Likely media path if both UEs are using the same PLMN.

In this inter-working scenario, the IM-MGW is responsible for the packing to and from IP/UDP/RTP. In the direction from B to A, it will also do jitter equalization. It should also be possible to avoid tandem coding.
This scenario is plausible mainly when both users have subscriptions at the same operator.
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Figure 4. Likely media path if PLMN A is not an IMS network and is not aware of the network that UE B uses.
In the inter-working scenario shown in Figure 4 the following can be expected:
· Media from UE A to UE B will be decoded to PCM by the CS-MGW in PLMN A. The speech will then be encoded to AMR by the IM-MGW in IMS B and packed into IP/UDP/RTP packets.

· Media from UE B to UE A will be decoded to PCM by the IM-MGW in IMS B. The IM-MGW will also do jitter equalization before sending the PCM encoded speech to PLMN A.
In this case, to avoid tandem coding both the CS-MGW and the IM-MGW must support TFO, ‎[4]. In addition, the end-points and the media gateways need to agree on what codec modes that can be used in the session.
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Figure 5. Possible media path if PLMN A is not an IMS network but when the Nb interface can be used for between the CS-MGWs in the respective PLMNs.
In the interworking scenario shown in Figure 5 the following can be expected:
· The Nb interface is used to send the CS speech (AMR encoded) between the MGWs in the respective core networks.

· The IM-MGW will pack the speech to and from IP/UDP/RTP packets (unless IP/UDP/RTP is used on the Nb interface, in which case the IM-MGW may be able to forward the packets).

· In the B ( A direction, the IM-MGW performs jitter equalizaiton (unless IP/UDP/RTP is used in the Nb interface, in which case jitter equalization may need to be performed in the CS-MGW in PLMN A).
In this case, tandem coding can be avoided if all MGWs are configured to support the same codec configuration.
4 Consequences if tandem coding must be used
It should be clear that the speech quality will be degraded in CS-PS sessions due to the tandem coding unless tandem coding can be established. It is possible to compensate for this degradation by reducing the FER target on the CS RAN and/or reduce the BLER or PLR target in the PS RAN. This would however require special handling for mobile-to-mobile calls, which is not very likely in the near future.

If tandem coding cannot be avoided, then one have two accept either:
1. reduced speech quality in mobile-to-mobile calls; or:
2. reduced capacity.

It should be clear that neither of these options is very attractive.

It should also be noted that the penetration rates is reaching almost 100% in many western countries and mobile-to-mobile calls will therefore be quite frequent in the future and one should expect that the number of mobile-to-mobile calls will soon be greater than the number of mobile-to-PSTN calls.
5 Conclusion
Inter-working between CS and PS can be achieved in several different ways. Transcoding through PCM is always possible, but it also gives some quality degradation. It is possible to compensate for this quality degradation by reducing the capacity. To maximize the quality and the capacity, tandem coding must be avoided. However, there are typically several media gateways in the path. Since the media gateways may be developed by different vendors, who may choose to implement different things, there is a risk that tandem coding will be necessary in order to send the speech to the other user.
To maximize the likelihood that tandem coding can be avoided, it is wise to mandate that media gateways must support at least one codec mode set.
6 Proposal

To maximize the likelihood that TFO/TrFO can be used in CS-PS sessions, it is Ericsson’s opinion that the MTSI-MHI TS should define that:

· Media gateways for MTSI to CS calls should support TFO and TrFO for usage towards the CS client
· Media gateways that support TFO and TrFO for MTSI to CS sessions shall support:

· The AMR 12.2, 7.4, 5.9 and 4.75 codec modes
· The AMR-WB 12.65, 8.85 and 6.60 codec modes when wideband speech is supported
· Codec mode changes aligned to every other speech frame border

· At least one of the AMR payload formats should be mandatory. Since the RLC transport block sizes are optimized for the bandwidth-efficient payload format, it is proposed that this payload format is made mandatory.

· Default packing schemes (number of frames per packet) should be defined.
Adopt the attached text for inclusion in the MTSI-MHI TS.
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--- Start change 1 ---

5.2
Codecs

5.2.1
Speech

5.2.1.2
Media gateways


Media gateways offering speech communication between MTSI clients and non-MTSI clients operating in the CS domain should support Tandem-Free Operation (TFO) according to TS 28.062, [ref], and Transcoder Free Operation, see TS 23.153, [ref].

MTSI media gateways offering speech communication with TFO and/or TrFO 
shall support:
· AMR speech codec [12][13][14][15] and source controlled rate operation [31].

· Operating according to the UMTS_AMR_2 codec type with the Config-NB-Code 1 configuration as defined in [26].

MTSI media gateways should also support the other codec types and configurations as defined in [26].

When transmitting, the media gateway shall be able of changing codec mode at every other frame, e.g. like UMTS_AMR_2 [26], and shall be able to change codec modes to neighboring modes. The media gateway should be capable of changing codec mode every frame and to any codec mode within the defined mode subset. When receiving, the media gateway shall allow codec mode changes at any frame to any codec mode within the codec mode subset.

MTSI media gateways offering wideband speech communication at 16 kHz sampling frequency shall support

· AMR wideband codec ‎[16]‎[17]‎[18]‎[19] and source controlled rate operation ‎[32].

· Operating according to the UMTS_AMR_WB codec type with the Config-WB-code 0 configuration as defined in [26].

MTSI media gateways offering wideband speech communication at 16 kHz sampling frequency should also support the other codec types and configurations as defined in [26].

When transmitting, the media gateway shall be able of changing codec mode at every other frame, e.g. like UMTS_AMR_WB [26], and shall be able to change codec modes to neighboring modes. The media gateway should be capable of changing codec mode every frame and to any codec mode within the defined mode subset. When receiving, the media gateway shall allow codec mode changes at any frame to any mode within the codec mode subset.

--- End change 1 ---

--- Start change 2 ---

5.3
RTP payload formats

5.3.1
Speech

5.3.1.1
Payload format

5.3.1.3
Media gateways

MTSI media gateways shall support the bandwidth efficient payload format and should support the octet-aligned payload format.

An MTSI media gateway should encapsulated 1 speech frame per RTP packet. An MTSI media gateway should send between 1 and 4 speech frames encapsulated in each RTP packet. An MTSI media gateway capable of transmitting redundant media according to Section 8, should send between 0 and 4 new speech frames and between 0 and 8 redundant speech frames in a RTP packet.

In case the MTSI media gateway is aware of its own access technology, then the parameters defined in Table 5.2 should be used during the session, unless the remote side does prevent it.

In case the MTSI media gateway is not aware of its own access technology, then the 1 speech frame should be encapsulated per RTP packet and the media gateway shall be capable of receiving up to 4 speech frames per RTP packet, i.e. ptime:20 and maxptime:80, unless the remote side does prevent it.

Table 5.2: Default encapsulation parameters (to be used as defined above).

	Access technology
	Encapsulate
	ptime
	maxptime

	HSPA
	1 speech frame per RTP packet
	20
	80

	EDGE
	2 speech frames per RTP packet
	40
	80

	GAN
	1-12 speech frames per RTP packet
	between 20 and 80
	240


Editor’s note:
The following issues are TBD: codec mode changes; redundancy; when to use the bandwidth-efficient and when to use the octet-aligned payload format; and how to use the in-band channel for signaling codec mode changes

For all access technologies, the bandwidth-efficient payload format should be used if all parties support it. The SDP offer shall include an RTP payload type where octet-align=0 is defined or where octet-align is not specified and should include another RTP payload type with octet-align=1. MTSI media gateways offering wide-band speech shall offer these parameters and parameter settings also for the RTP payload types used for wide-band speech.

For all access technologies, codec mode changes should be performed every other frame, if the session setup concludes that all terminals and media gateways in the session supports codec mode change restrictions.

Editor’s note: The support of codec mode change restrictions is one of the clarifications that are introduced in the new version of the AMR payload format.

MTSI media gateways should support redundancy according to section 8. MTSI media gateways used for the Generic Access technology shall support redundancy according to section 8.

--- End change 2 ---

--- Start change 3 ---

6.3.2
SDP usage

Editor’s note: TBA.

--- End change 3 ---

� The figure was copied directly from the specification.


� The figure was copied directly from the specification.
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Legend:


Bold lines:
interfaces supporting user traffic;


Dashed lines:
interfaces supporting signalling.


NOTE 1:
The figure shows direct interconnections between the entities. The actual links may be provided by an underlying network (e.g. SS7 or IP): this needs further studies.


NOTE 2:
When the MSC and the SGSN are integrated in a single physical entity, this entity is called UMTS MSC (UMSC).


NOTE 3: A (G)MSC server and associated CS-MGW can be implemented as a single node: the (G)MSC.


NOTE 4: The Gn interface (between two SGSNs) is also part of the reference architecture, but is not shown for layout purposes only.


NOTE 5: The Go interface marked with a '*' has been included to this figure for backwards compatibility only, in order to support connecting to Release-5 IM CN Subsystem configurations

Figure 1: Basic Configuration of a PLMN supporting CS and PS services and interfaces
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Figure 4.0: Reference Architecture of the IP Multimedia Core Network Subsystem



