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1. Introduction

SES work item work plan requires the codec complexity assessment and justification of having met the design constraints given for all the candidate codecs by October 31 2003 [4]. 

This document provides the complexity assessment of AMR and AMR-WB codecs for SES services. In addition, the justification of having met the design constraints is given.

2. Design constraints

The permanent document S4-030248 contains the design constraints for default codec for speech enabled services (SES) [3].

2.1 Complexity

The following table summarises the constraints and lists the corresponding figures for fixed-point implementation of AMR and AMR-WB speech codecs. 

The full analysis and characterisation of AMR and AMR-WB codecs are available in Technical Reports TR 26.975 [1] and TS 26.976 [2], respectively.

	Measure
	Requirement
	AMR

	WMOPS
	Less than 25
	15,33 (worst case)

	ROM size
	Less than 20 kwords
	19,807 

	RAM size
	Less than 7 kwords
	5,280


Table 1: complexity and memory requirements for codec supporting 8 kHz sampling rate 

	Measure
	Requirement
	AMR-WB

	WMOPS
	Less than 39 
	38,97 (worst case)

	ROM size
	Less than 34 kwords
	13,109

	RAM size
	Less than 8 kwords
	7,101


Table 2: complexity and memory requirements for codec supporting 16 kHz sampling rate

Conclusion: Complexity requirements are met.

2.2 Latency

Requirement:

The maximum codec latency SES is 200 ms, with the objective of 50 ms.

Candidate codec latency:

The algorithmic delay of both AMR and AMR-WB codecs is 25 ms.

Conclusion: Latency requirement and objective is met.

2.3 Data rate for the source codec

Requirements:

Voice enabled services need to be able to operate over a variety of channels.
The following channels and data rates will at least be supported

a) For conversational class of service:

The GPRS single slot uplink (Coding scheme CS-1) channel. 
Here the maximum source data rate is 5.6 kbit/sec. 

The EGPRS single slot uplink (Coding scheme MCS -1) channel.
Here the maximum source data rate is 6.4 kbit/sec.

The Flexible Layer 1 (FLO) channel. Here the maximum data rate is expected to be between 6.4 and 8.4 kbit/sec.

For UTRAN packet data channel the maximum source data rate is 24 kbit/sec.

It is assumed one 20ms frame within one RLC/MAC block.

b) For streaming and interactive class of service

For GPRS / EGPRS single slot uplink channel the maximum source data rate is 8 kbit/sec (assuming 10 frames per IP packet) or 7.5 kbit/sec (assuming 5 frames per IP packet).

For UTRAN packet data channel the maximum source data rate is 24 kbit/sec.

Candidate codec data rates:

AMR codec has data rates ranging from 4.75 to 12.2 kbit/s. Using the RTP payload defined in IETF RFC 3267 [5] the lowest source data rate for the 4.75 mode with 20 ms packets is 5.6 kbit/s. 

Conclusion: AMR codec can be used all the channels mentioned above.

AMR-WB codec has data rates ranging from 6.6 to 23.85 kbit/s. 

Conclusion: AMR-WB codec can be used in UTRAN packet data channel.

3. Justification

As stated in Section 2, AMR and AMR-WB codecs meet all the design constraints. Hence, both AMR and AMR-WB are fully compliant for the SES service.
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