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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

Introduction

Multimedia Telephony for IMS (MTSI) is a standardized service for conversational telephony, TS 22.173 [2]. The media handling and interaction are specified in TS 26.114, [3]. MTSI has been specified such that the user experience of multimedia telephony is equivalent to or better than corresponding circuit-switched telephony services while still having efficient resource usage. Multimedia telephony also exploits the richer capabilities of IMS where media components can be used symmetrically or asymmetrically in different directions. 
1
Scope

TS 26.114 define media handling and interaction for the Multimedia Telephony Service for IMS (MTSI) including mechanisms for the negotiation of bandwidth using the SDP bandwidth modifiers. The present study investigates potential improvements for the end-to-end QoS handling with the purpose to improve the network resource allocation for variable bit-rate codecs, rate-adaptive codecs and asymmetric sessions (i.e. different bitrates for different directions). The study will focus on SDP extensions and the interaction with the policy control.  
The present document:
-
1 – Identifies high-level use cases

-
2 – Evaluates for these use cases the current limitations and the expected benefits

-
3 – Establishes high-level functional requirements and related technical requirements

-
4 – Discusses potential solutions

-
5 – Studies impact of potential solutions on networks and terminals

2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

-
References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

-
For a specific reference, subsequent revisions do not apply.

-
For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".

[2]
3GPP TS 22.173: "Multimedia Telephony Service and supplementary services; Stage 1".

[3]
3GPP TS 26.114: "Multimedia Telephony; Media handling and interaction".
[4]
3GPP TS 23.203: "Policy and charging control architecture"
[5]
3GPP TS 29.212: "Policy and Charging Control (PCC); Reference points"
[6]
3GPP TS 29.213: "Policy and charging control signalling flows and Quality of Service (QoS) parameter mapping"
[7]
3GPP TS 29.214: "Policy and charging control over Rx reference point"
3
Definitions, symbols and abbreviations
3.1
Definitions

For the purposes of the present document, the terms and definitions given in TR 21.905 [1] and the following apply. 
A term defined in the present document takes precedence over the definition of the same term, if any, in TR 21.905 [1].

example: text used to clarify abstract rules by applying them literally.

3.2
Symbols

For the purposes of the present document, the following symbols apply:

<symbol>
<Explanation>

3.3
Abbreviations

For the purposes of the present document, the abbreviations given in TR 21.905 [1] and the following apply. 
An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in TR 21.905 [1].

AF
Application Function 
ARP
Allocation and Retention Priority

AVP
Attribute-Value Pair

EPC
Evolved packet Core

GBR
Guaranteed Bitrate

GW
Gateway

LTE
Long Term Evolution

MBR
Maximum Bitrate

MTSI
Multimedia Telephony Service for IMS 
PCC
Policy and Charging Control

PCEF
Policy and Charging Enforcement Function

PCRF
Policy Charging and Rules Function

PDN-GW
Packet Data Network Gateway

PGW
PDN-GW

QCI
QoS Class Identifier

ROHC
Robust Header Compression

SGW
Serving Gateway
4
Overview

4.1
General

Clause 4 provides a high-level description of the network elements that are involved in the session setup and resource reservation. The rest of the document is organized as follows:

Clause 5 describes the current QoS reservation mechanisms.
Clause 6 describes the use cases analysed in this study. A gap analysis is performed.
Clause 7 describes the requirements that can be derived from the gap analysis.

Clause 8 describes and evaluates potential solutions.

Clause 9 provides the conclusion and recommendations for further standardization efforts.
4.2
System description

IMS uses local resource reservation where each IMS network allocates resources only for its own access.

A simplified description of the functions that are used for the bandwidth negotiation and the bearer setup in EPC and LTE is shown in the figure below.

[image: image3]
Figure 1. High-level description of the functions that are involved in the bandwidth negotiation and resource reservation in an IMS network when EPC is used.
The resource allocation and bearer setup in EPC/LTE follows the Policy and Charging Control (PCC) procedure in TS 23.203 [4], TS 29.212 [5], TS 29.213 [6] and TS 29.214 [7], and can on a high level be described as follows (a more detailed description is found in TS 29.213 [6] Clause 6):

1.
The P-CSCF, acting as an Application Function (AF), analyses the SDP offer and the SDP answer and determines the session information and the media information that should be allocated. The AF instructs the Policy Charging and Rules Function (PCRF) to allocate resources for the Service Data Flow. Both the SDP session information and the media information are included in the Rx service information.

-
Before sending the service information to the PCRF, the AF maps the m-lines, c-lines, b-lines and the direction attributes from the SDP to the corresponding Attribute-Value Pairs (AVP) in the service information, and the remaining media-related attribute lines in the SDP are included in transparent container AVPs in the service information.

-
The media information includes the media properties, for example maximum UL/DL bitrates for media, UL/DL bitrates for RTCP, codec information, etc. 

2.
The PCRF converts the requested session information into a set of QoS parameters for the Service Data Flow.

-
The PCRF can also take other information into account when determining the QoS parameters, for example operator policies and subscription information.

-
The PCRF may use media-level SDP attribute lines in the service information to override bandwidth information directly included in the service information. Codec specific algorithms that the PCRF can apply to derive bandwidth information are not standardised, but can be based on the QoS examples in Annex E of TS 26.114 [3].
-
The common QoS parameters are: QoS Class Identifier (QCI), and Allocation and Retention Priority (ARP). The additional parameters for GBR bearers are: Maximum Bit Rate (MBR) and Guaranteed Bit Rate (GBR), for uplink and downlink respectively. The additional parameters for non-GBR bearers are: APN aggregated MBR (APN-AMBR), for uplink and downlink, respectively.

3.
The PCRF requests the Policy and Charging Enforcement Function (PCEF) to assign the set of QoS parameters to the Service Data Flow through a PCC rule. The PCEF applies the PCC rule(s) to an existing bearer or establishes a dedicated bearer (or bearers) between the UE and the PCEF. This includes sending a bearer setup request or a bearer modification request to the RAN to set up or modify Radio Bearer(s) in accordance with the QoS parameters. The PCEF is located in the Packet Data Network Gateway (PDN-GW), a.k.a. PGW.

-
When reserving radio resources, the RAN may also take into account the possible bandwidth savings caused by speech pauses and Robust Header Compression (ROHC).

4.
The PGW monitors the RTP media traffic and enforces compliance to APN-MBR rates for non-GBR bearers by dropping packets that exceed the limit when needed. For GBR bearers the enforcement of the downlink MBR is in PGW and uplink MBR in the RAN. There is also additional finer-granular service level bandwidth enforcement (per PCC rule) for uplink and downlink in the PGW.

If a non-GBR bearer was requested and if RAN can set up/modify a Radio Bearer with the requested QoS parameter then the RAN does not reserve dedicated resources for the bearer, i.e. the available bandwidth of the radio bearer can be below the MBR and vary over time without any notification from the RAN to the PGW.

If a GBR bearer was requested and if RAN can set up/modify a Radio Bearer with the requested QoS parameters then it is expected that RAN reserves dedicated resources for the bearer based on the requested GBR. If MBR for a bearer is greater than GBR, the available bandwidth for the bearer, for bitrates greater than GBR and up to the requested MBR, is not guaranteed, i.e. the available bandwidth of the radio bearer can be between the GBR and MBR and vary over time without any notification from the RAN to the PGW.

If the RAN cannot set up/modify a Radio Bearer then the bearer setup/modification request will be rejected. The PCRF informs the P-CSCF that resources to be associated to the Service Data Flow could not be allocated. The P-CSCF takes action on the SIP session. 

A QoS aware terminal will detect if the available bearer resources (as indicated via GBR and MBR values) for a Service Data Flow are lower than the total bandwidth for media and RTCP as indicated in SDP. The terminal will then start a new SDP offer/answer to update the media according to the available resources, see also TS 26.114 [3] clause 6.2.7.
4.3
Simple SDP negotiation and bearer setup

The description below provides more details on the handling session setup negotiation and the corresponding bearer allocation for the simple voice-only case.

It is in this case assumed that RAN will set up a MBR=GBR bearer.

The SDP negotiation between the UEs uses the following SDP offer and SDP answer examples:
Table 1.
Example SDP offer/answer for the session setup for a simple narrow-band voice-only VoLTE call (IPv6)
	SDP offer

	m=audio 49152 RTP/AVP 97 98

b=AS:38

b=RS:0

b=RR:2000

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=220

a=rtpmap:98 AMR/8000/1

a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:20

a=maxptime:240

	SDP answer

	m=audio 49152 RTP/AVP 97

b=AS:38

b=RS:0

b=RR:2000

a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=220

a=ptime:20

a=maxptime:240


This means that both clients want to receive 38 kbps RTP media. They also agree on using RS+RR = 2 kbps for RTCP for the RTP session which means 1 kbps per UE since both UEs will be active senders and the RTCP bandwidth is then divided equally between the UEs. The radio bearers should therefore be set up with:

-
MBR-UL = GBR-UL = 39 kbps (38 kbps for media and 1 kbps for RTCP)

-
MBR-DL = GBR-DL = 39 kbps
4.4
Other system aspects

The following is not considered in this study:

-
RTCP bandwidth allocation, since this would either scale the bandwidths with a fixed factor, e.g. 5%, or would add a fixed offset, e.g. 2 kbps.

-
ROHC usage, since ROHC is only used between the UE and the eNodeB and the usage is not known on the application layer and therefore does not change the bandwidth values.

5
Current QoS reservation mechanisms during session setup

6
Use cases 
Editor’s note: The clauses below will be repeated for each identified use case.

6.1
General description

This study describes various use cases ranging from relatively simple use cases to more complex use cases. The simple use cases include only one or a few fixed-rate codecs while the more complex use cases include rate-adaptive codecs. The simple use cases are included for the purpose of discussing one issue at a time, even though these use cases may not be the most realistic for real deployments since it is not realistic to assume that all codecs will be allowed in all types of access networks. For example, it is unlikely that the PCM codec will be allowed in LTE or HSPA RAN due to the relatively high bitrate, and there can be an operator policy that removes this codec. However, the main issue in this study is not what exact bitrates are required for certain codecs but rather what happens if several codecs (or configurations) are being offered with different bitrates.
6.2
Use case A

6.2.1
General description
Alice and Bob are setting up a voice-only session. Both UEs support only the A-law PCM (64 kbps) codec. Both UEs use 20 ms frame lengths and encapsulate only 1 frame in each packet. Alice sends the SDP offer and Bob sends the SDP answer as shown below.
Table 2.
SDP offer/answer for single codec
	SDP offer

	m=audio 46000 RTP/AVP 8

b=AS:88

a=rtpmap:8 PCMA/8000/1

a=ptime:20

a=maxptime:20

	SDP answer

	m=audio 46002 RTP/AVP 8

b=AS:88

a=rtpmap:8 PCMA/8000/1

a=ptime:20

a=maxptime:20


For the media handling in the UEs, the SDP offer/answer negotiation means:

-
UE-A (Alice) wants to receive 88 kbps (64 kbps for the PCM encoding of the media + 24 kbps for IPv6/UDP/RTP overhead).

-
UE-A will send 88 kbps.

-
UE-B (Bob) wants to receive 88 kbps.

-
UE-B will send 88 kbps.

-
Rate adaptation is not possible.

-
It is not possible to adapt the packetization because:

-
The bandwidth is limited to 88 kbps. Given that the codec needs 64 kbps this means that the IP/UDP/RTP overhead can be no more than 24 kbps, which corresponds to max 50 packets per second. This means that the packetization must be at least 20 ms.

-
However, the ‘maxptime’ parameter limits the packetizaition to max 20 ms per packet.

-
Hence the only option is to use exactly 20 ms per packet.
The Application Functions uses mapping rules to derive the session information from the SDP offer and the SDP answer:
-
In IMS-A:

-
UE-A max send rate is 88 kbps.

-
UE-A min send rate is 88 kbps.

-
UE-A max receive rate is 88 kbps.

-
UE-A min receive rate is 88 kbps.

-
In IMS-B:

-
UE-B max send rate is 88 kbps.

-
UE-B min send rate is 88 kbps.

-
UE-B max receive rate is 88 kbps

-
UE-B min receive rate is 88 kbps
The AF sends these parameters together with the remaining media-related information to the PCRF.

The PCRFs then uses the session information, and possibly also the remaining media-related information to determine the following QoS parameters for each local radio network:
Table 3.
QoS parameters determined by the PCRF
	Direction
	Parameter
	Rate
	Parameter
	Rate

	A->B
	MBR-ULA
	88 kbps
	MBR-DLB
	88 kbps

	
	GBR-ULA
	88 kbps
	GBR-DLB
	88 kbps

	B->A
	MBR-DLA
	88 kbps
	MBR-ULB 
	88 kbps

	
	GBR-DLA
	88 kbps
	GBR-ULB 
	88 kbps


In this case, the two RANs only has the option to allocate MBR=GBR bearers since the codec does not support rate adaptation, since the ‘maxptime’ parameter prevents encapsulating more frames in the packet and since the bandwidths offered with b=AS prevent higher packet rates than 50 packets per second.
6.2.2
Gap analysis
Comparing the UEs send rates with the QoS parameters gives:
Table 4.
Comparison between media bitrate and QoS parameters
	Direction
	Media rate
	QoS parameters A
	QoS parameters B
	Gap

	A->B
	88 kbps
	MBR-ULA=88 kbps

GBR-ULA=88 kbps
	MBR-DLB=88 kbps

GBR-DLB=88 kbps
	None, bearers optimally allocated

	B->A
	88 kbps
	MBR-DLA=88 kbps

GBR-DLA=88 kbps
	MBR-ULB=88 kbps

GBR-ULB=88 kbps
	None, bearers optimally allocated


In this case, no issues are found.

6.3
Use case B
Editor’s note: Place-holder for the next use case

6.3.1
General description
6.3.2
Gap analysis
7
Requirements
8
Potential solution(s)

Editor’s note: The clauses below will be repeated for each identified potential solution.

8.1
Potential solution A

8.1.1
Description of the solution
8.1.2
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8.1.3
Impact on networks and terminals
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Conclusion and recommendations
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