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1. Introduction

As a set of contributions on speech-enabled services, the impacts of speech recognition improvements on IMS domain is proposed here for decision and approval. 

2. Proposed text in TR 23.877 section 7
7. Impacts of Speech Recognition Improvements on IMS Domain

The use of the DSR codec for speech recognition may have some impacts on IMS. Examples include:

a)
Imagine the case where the ASR platform is running a voice activated dialling application. The mobile will need to use the DSR codec when talking to the ASR platform and switch to the AMR codec when being “through connected” to a human B party. How does the IMS signalling cause the codec to change? Two possibilities are discussed in the sections below.

b) When the mobile is using the DSR codec with the ASR platform, the AMR codec needs to be used in the downlink. Hence the SDP parameters included by the mobile need to reflect these uni-directional media flows. Note that this probably has an impact on many existing SIP implementations that expect to use the same codec in both directions.

The first of these issues also applies if the WB-AMR codec is used for speech recognition AND the B party only supports NB-AMR.  The use of the NB-AMR codec for speech recognition appears to avoid this issue.

7.1 ASR Server Directly “Through Connects” the call to the B Party

An example of ASR platform acting as a SIP Back to Back User Agent is given in Fig.3.
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Fig.3 ASR Server Acting in “Through Connection Mode”
Step-to-step Procedures:

1. UE1 sends Invite to S-CSCF and SDP offers DSR and AMR in the uplink and AMR in the downlink;

2. S-CSCF sends Invite to ASR platform;

3. ASR platform sends 183 Session Progress back to S-CSCF; SDP indicates DSR in the uplink and AMR in the downlink;

4. S-CSCF sends 183 Session Progress back to UE; SDP indicates DSR in the uplink and AMR in the downlink;

5. The rest of the SIP signalling are used for setting-up a bi-directional speech path; 

6. After further SIP signalling, a bi-directional speech path set up: DSR codec in the uplink, AMR codec in the downlink;

7. ASR unit identifies need to attempt to connect UE1 to UE 2;

8. ASR sends Invite to UE2 with initial SDP offer: SDP indicates AMR in the uplink and downlink;

9. UE2 sends Session progress with offered SDP (AMR uplink and AMR downlink) back from UE2

10. ASR sends instruction to UE1 and needs UE1 to swap to AMR. However, current SIP standards do not seem to permit this. Even if, in step 4, the ASR unit returns SDP parameter indicating that DSR should be used but that AMR is also permitted (in the uplink), then there does not seem to be any method for the ASR unit to command the switch from DSR to AMR. Further study is needed to resolve this issue if DSR and/or WB-AMR is used for speech recognition in the IMS domain.

7.2
ASR Server Acting in Call Transfer Mode 

An example of ASR platform acting as in Call Transfer mode is given in Fig.4.
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Fig. 4 ASR Server Acting in REFER Mode
Step-to-step Procedures:

1. Call in process between UE1 and ASR;

2. ASR sends “REFER call to UE 2” message to UE1;

3. UE1 sends Invite to UE2;

4. UE2 sends 200 Ok to UE1

5. Session between UE1 and UE2 is in progress;

6. UE1 sends Hangup message to ASR unit;

7. ASR sends 200 Ok message back to UE1.

The problem with this mode is that it is prevents interaction with the ASR once the first session is completed. Conversely, the “through connect” model permits the ASR unit to reconnect itself when, say, the # key is pressed, or the user shouts a certain key word. (This would permit the customer to use the ASR to connect them to 30 seconds of weather forecast then use the ASR unit to connect them to CNN-news, then use the ASR unit to listen to voice mail).

3. Conclusion

This paper described impacts of speech recognition improvements on IMS domain, i.e. ASR server is acting in “Through connects” mode and call transfer mode. Vodafone would like to have a discussion on these aspects and the agreed results will be put into new version of TR 23.877 in section 7.
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