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1. Background

This contribution is a follow-up to the Nokia contribution that was presented at the S2 Adhoc group meeting in Swindon in the form of Powerpoint slides (document S2k99006). That contribution proposed  some approaches to reduce the IP/UDP/RTP header overhead in order to achieve good spectrum efficiency when RTP traffic is sent over the air interface. The intent of this contribution is to provide a more elaborate version of the previous contribution in Word format. We propose the following text to be incorporated in the Radio aspects section of the Technical Feasibility report of the S2 R00 ad hoc group "3rd Generation Partenrship Project, Technical Specification Group Services and Systems Aspects; Architecture for an All IP network (3G TR 23.xyz version 0.0.1)". 

2. Proposed text

Airlink Optimisation for Real-Time IP 

3. Introduction

In the all-IP architecture, a fundamental objective is to support IP-based real-time and non real-time traffic for a mobile terminal while achieving spectral efficiency and error robustness. In the case of real-time voice, spectral efficiency and error robustness have a performance baseline coming from the current cellular systems. There is also a baseline in voice quality. It is natural to expect that the all-IP architecture has to meet this existing baseline for voice services. The question is then how to meet the objectives of spectral efficiency and error robustness and the existing baseline for real-time voice when the all-IP paradigm is applied to cellular systems. 

For IP-based real-time multimedia, RTP protocol is predominantly used on top of UDP/ IP. The size of the combined IP/UDP/RTP headers  is at least 40 bytes for IPv4 and at least 60 bytes for IPv6, while the voice payload is about 20 bytes or less. Clearly, if the headers were sent "as is" over the air interface to conform to the pure IP paradigm, it is not possible to meet or even get close to the baseline spectral efficiency of existing circuit voice. Some header adaptation technique is required, whereby a transformation is applied to the IP/UDP/RTP headers to reduce their size before transmission on  the air interface, and the reverse transformation applied after crossing the air interface, to restore the original header size and values. Reduction of the header size will have to be done at the expense  of losing some header information and/or redundancy in the originally coded header information. Impact on transparency and robustness to errors have to be fully understood in order to design the appropriate adaptation techniques (Transparency for a given header field is defined as the property whereby the value after transformation/reverse transformation is the same as in the original header). 

This contribution explores the range of possible adaptation techniques and proposes two adaptation techniques, header stripping and header compression. The former emphasises overhead efficiency, error robustness and voice quality. It is more suited for traffic like real-time conversational basic voice. The latter emphasises IP transparency and is more suited for multimedia. 

4. user plane adaptation

In the following we refer to the functionality that does transformation/reverse transformation as User Plane Adaptation (UPA), and explore the range of possible adaptation techniques, along with their pros and cons. 

4.1 Full opacity (no adaptation)

The UPA has no knowledge of the internal structure of the headers or payload, and no transformation is done on the IP/UDP/RTP headers which are sent in full over the air interface. Error protection is applied evenly to all the bits in the header, and evenly to all the bits in the payload. The header part will likely require stronger error protection than the payload, since a header loss will require to discard the corresponding packet, and no error concealment or mitigation can be applied to the header. This technique achieves full transparency, which allows to support protocols such as IPSEC on an end-to-end basis. An obvious con is the high overhead caused by the headers, which results in very poor spectrum efficiency. The actual overhead is even worse than one might think from the 40 byte header vs. 20 byte payload figures, due to the stronger error protection required for the header. Another con is the more difficult  bandwidth management, since in principle, the header may have variable size.

4.2 Payload opacity (header adaptation only)

In this case, the UPA only needs to know the internal structure of the IP/UDP/RTP header but not of the payload. Only the headers are adapted, either by header compression or header stripping.

4.2.1 Header compression/decompression

IP/UDP/RTP headers are compressed before transmission over air interface and decompressed at the receiving end. Like before, headers require stronger error protection than payload. Error robustness is a stronger requirement here since compressed headers are more vulnerable to errors than uncompressed headers. Pros are a better overhead efficiency than full opacity, and transparency of header information. Cons are incompatibility with end-to-end security (IPSEC) and bandwidth management, since compressed headers have variable size.

For header compression, a baseline in terms of relative overhead exists in IETF's RFC 2508. In that scheme, the IP/UDP/RTP headers can be compressed down to 2 bytes in the best case. Assuming a 20 byte payload, the relative overhead is 10%. If error protection and lower bit rate codec are taken into account, the actual overhead will be even higher than 10%.

Figure 1 shows a conceptual diagram of header compression used in conjunction with the lower layers in cellular. Voice is used as an example. The lower layers may perform interleaving and channel coding. For simplicity, the effect of interleaving and channel coding on the bit stream transmitted over the air interface is not shown. The effect of possible link level multiplexing with other traffic streams is not shown either. There is an MS-based UPA point and a network-based UPA point. The MS-based UPA acts as header compressor and header decompressor for the uplink and downlink respectively, while the network-based UPA acts as header decompressor and header compressor for the uplink and downlink respectively.
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Figure 1 - Header compression

4.2.2 Header stripping/regeneration

IP/UDP/RTP headers are stripped before transmission over air interface and regenerated at the receiving end. Essentially only the payload is transmitted, but some additional header-related information needs to be transmitted to enable the header regeneration. The degree of header transparency achieved is variable, depending on the amount of header-related information that one wants to transmit. Overhead efficiency is better than header compression and can be made extremely low. No header error protection is needed when headers are stripped. When the payload has constant size, bandwidth management issue is virtually eliminated since the payloads can be carried on a constant bit rate channel. The constant bit rate channel also eliminates QoS (delay and jitter) problems. As before, end-to-end security cannot be accomodated.

Figure 2 shows a conceptual diagram of header stripping used in conjunction with the lower layers in cellular. Voice is used as an example. The lower layers may perform interleaving and channel coding. For simplicity, the effect of interleaving and channel coding on the bit stream transmitted over the air interface is not shown. The effect of possible link level multiplexing with other traffic streams is not shown either. There is an MS-based UPA point and a network-based UPA point. The MS-based UPA acts as header stripper and header regenerator for the uplink and downlink respectively, while the network-based UPA acts as header regenerator and header stripper for the uplink and downlink respectively.
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Figure 2 - Header stripping

4.3 No opacity (full adaptation)

The UPA knows the structure of the headers and the payload. Headers can be compressed or stripped. In addition, payload transmission is optimised by techniques such as unequal bit protection, channel and error coding optimised for the payload structure, etc. 

5. Application to all-IP network

The all-IP network is expected to provide real-time bearer services intended to carry

· Basic conversational voice (service equivalent to voice in current cellular)

· Real-time Multimedia (includes voice which is seen as a component of multimedia)

5.1 Basic voice

For basic voice, the emphasis is on meeting and if possible exceeding the baseline of traditional cellular in terms of spectrum efficiency, error robustness and voice quality. Traditional cellular systems achieve that baseline by using well known techniques such as unequal bit protection, channel and error coding optimised for the payload, etc. In addition, speech frames do not incur any  header (in the IP sense) overhead. In the all-IP system, we propose to define a "basic voice" bearer tailored for conversational voice and possible other media with the same characteristics.  The basic voice bearer will use payload optimisation similar to traditional cellular and header stripping. Header stripping is proposed because the voice payload is small, and hence the header compression still has a residual relative overhead of 10% or more. Packing more speech frames into one packet will improve the relative overhead, but at the expense of added delay, which negatively impacts voice quality. Transmission of header-related information will require strong error protection. At a minimum, header stripping for basic voice will have to achieve transparency for the static IP/UDP/RTP fields (those that do not change during the call) and the RTP time stamp and RTP sequence number. This bearer corresponds to the full adaptation case above with header stripping. Additional optimisation techniques may be contemplated to further improve the spectrum efficiency, but they are outside the scope of this contribution.

5.2 Real-Time multimedia

Real-time multimedia is a new service that does not exist in traditional 2G cellular systems. A new bearer is proposed. For that bearer, we want to provide transparency for all the IP/UDP/RTP fields. Under the transparency constraint, we want to optimise spectrum efficiency and error robustness, but unlike voice, there is no baseline to be used as target. The transparency objective naturally leads to choosing header compression as the user plane adaptation. Payload will have some error protection and compressed header will have even stronger protection. No unequal bit protection is attempted for the payload. This bearer corresponds to the header adaptation only case above with header compression.

5.3 Pure IP

The Pure IP bearer can be provided if one wants to accommodate end-to-end protocols such as IPSEC. This bearer does not do any adaptation and corresponds to the "No adaptation" case above.

6. Conclusions

IP/UDP/RTP packets require adaptation to the airlink to meet the spectrum efficiency and error robustness requirements of cellular systems. No single scheme can simultaneously and fully meet the above requirements and IP transparency. Therefore, we propose a gradation of schemes tailored to the particular type of application. Applications will use different kinds of bearers optimized for their particular current needs. 

For the all-IP system, we recommend to specify two real-time bearers (note1): basic voice (BV) and real-time multimedia (RTMM). BV bearer is intended to carry voice, as a service equivalent to the one in traditional cellular systems. RTMM bearer is intended to carry generic multimedia traffic, which can include voice. In addition, a pure IP bearer may be contemplated for applications, which require full transparency. Non real-time data does not require new bearers and can essentially be based on the one in existing UMTS or EDGE.

BV bearer will use header stripping with unequal bit protection in the payload. RTMM bearer will use header compression with equal bit protection in the payload. Pure IP bearer will not transform the header and use equal bit protection in the payload. In all cases, header (if present) requires strong error protection.

Additional bearers may be added in the future.

(Note 1): The term 'bearer' should be understood here widely and not too restrictively, e.g. as a set of bearer attributes that gives adequate information to the UPA (User Plane Adaptation) functionality to select either or none of the proposed methods (header stripping, header compression) to be applied for radio link. 
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