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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.

1
Scope

The present document provides information on the performances of techniques for adaptive jitter management in a packet switched network.  The technique is embodied in an algorithm that, when combined with the default speech codecs, provides the capability of reducing the perceived delay for the listener.   The codecs under test are AMR-NB (Adaptive Multi-Rate Narrowband) and AMR-WB (Adaptive Multi-Rate Wideband). Experimental test results from the speech quality testing are reported to illustrate the difference of the  subjective perception of the speech with and without the jitter management algorithm, as well as the resulting delay and delay variation.  The performance results can be used e.g. as guidance for network planning and to appropriately adjust the radio network parameters.  The test is applied to an example solution as a reference.
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3
Abbreviations

3.1
Abbreviations

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

AMR-NB (or AMR)
Adaptive Multi-Rate Narrowband Speech Codec

AMR-WB
Adaptive Multi-Rate Wideband Speech Codec

ANOVA
Analysis of Variance


ASY
ASYmmetric conditions

BLER
Block Error Rate

CMR
Codec Mode Request

COND
Test CONDitions

CN
Core Network

CRC
Cyclic Redundancy Check 

DCH
Dedicated Channel
DL
Downlink

Eb/No
Ratio of energy per modulating bit to the noise spectral density
FER
Frame Erasure Rate, Frame Error Rate
GAL
Global Analysis Laboratory

GQ
Global Quality (of the conversation)

IA
InterAction (with your partner)

IP
Internet Protocol

ITU-T
International Telecommunication Union - Telecommunications Standardization Sector 

LAB
Listening LABoratory

MAC
Medium access control

MANOVA
Multivariate Analysis of Variance


Log-MAP
Logarithmic Maximum A Posteriori
MOS
Mean Opinion Score

NB
Narrowband

PC
PerCeption of impairments (also: Personal Computer)

PDCP
Packet Data Convergence Protocol

PDU
Protocol Data Unit

Pa
Sound Pressure Level  (in Pascal)

PL
Packet Loss

plc
Packet Loss Concealment

RC
Radio Conditions

PS
Packet Switched

RB
Radio Bearer

RAB
Radio Access Bearer

RLC
Radio Link Control

ROHC
Robust Header Compression
RTCP
Real-Time Control Protocol

RTP
Real-time Transport Protocol

SYM
SYMmetric conditions

TB size
Transport Block size

TF
Transport Format
ToC
Table of Content

TTI
Transmission Time Interval

UDP
User Datagram Protocol

UE
User Equipment

UL
Uplink

UM
Unacknowledged Mode

UMD
Unacknowledged Mode Data

US
difficulty UnderStanding (your partner)

VOIP
Voice over IP

VQ
Voice Quality (of your partner)

WB
Wideband

XMIT
Transmit

4
General Overview

5
Adaptive Jitter Management

A major issue in VoIMS is jitter management.  Network jitter has two components: high frequency component and low frequency component. The conventional jitter buffer holds an initial playback of the incoming voice packet stream to accommodate the high frequency component of jitter. The slowly varying component of the jitter is often resolved by adaptive jitter buffer, which dynamically changes the target jitter buffer depth according to the network condition. However, both methods introduce initial buffering delay, which is often more than 60 msec in typical wireless network environment. Delay of this size may presents a burden for network planning due to already tight delay budget for other network components. Acceptable delay is determined beyond user expectations and conversational behavior, so it does not change between circuit- and packet-switched networks.  To avoid exceeding delay budgets, this report introduces a new method for handling network jitter in a wireless communications network based on talk spurt management. Talk spurt management is based on the observation that in two-way conversation the beginning and ending point of each conversational turn is most critical in the perception of delay from each talker’s perspective. This can be exploited to generate a low latency jitter management scheme.

5.1
Delay Jitter 

Delay jitter is defined as the deviation of the arriving time of a packet from its nominal arrival time, where the nominal arrival time is computed by adding a reasonable constant value to the origination time of the same packet.

5.2
 Principle
A traditional receiver accommodates jitter by buffering packets before playback.  The initial playback latency through the buffer is added to the end-to-end delay of the network.  The delay is roughly equal to the maximum jitter of the packets.  Instead, existing signal processing techniques can be used to modestly distort speech playback to accommodate jitter without introducing as large a delay.  Time scale modification is one proposed technique for “warping” speech to accommodate the irregular packet arrivals.

The time scale modification algorithm required for the new jitter buffer management scheme is very simple in terms of computation. It requires only an overlap-add operation if the algorithm is implemented inside the decoder where pitch parameters are readily available. Although the exact number of clock cycles depends on the time scale modification factor, it requires roughly less than 500 clock cycles per adding/deleting a pitch 

period. If time scale modification is performed outside of the decoder, additional pitch detection operation is needed. The additional operation is still less that 1 MIPS.

5.3 Algorithm

There are a large number of ways in which jitter management can be performed.  From a system perspective, it is important to quantify the performance of terminals in the presence of jitter, and to provide a reference solution for  testing and network planning.  The section defines the critical features an algorithm may provide.

The goal of any jitter management algorithm, regardless of the technique employed, is to minimize the contribution of the terminal to both the perceived delay and the effects of packet loss.  For this purpose two major techniques are deployed: 

1. Time scale modification to minimize the perceived delay, 

2. Packet resynchronization to mitigate the effects of packet loss 

Time Scale Modification is used to allow packets to playback without long initial buffering delays, while still providing jitter protection for subsequent packets.  By stretching initial packets coming out of silence, sound is available for the user earlier than it would otherwise be played through a traditional buffer.  By compressing the playback of packets near the end of speech, playback of speech to the user will terminate sooner than would otherwise be expected.  The motivation of the time scale modification is the characteristics of the information flow in both directions and the perception of the conversational partners,  as illustrated in Figure 1
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Figure 1: Motivation for the Time Scale Modification
. The time scale modification is illustrated in Figure 2
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Figure 2: By adding or deleting pitch periods, the time scale can be  modified without perceptual pitch change
Packet resynchronization applies to packets which arrive after the decoder has assumed they were lost.  This results in an increase in quality relative to discarding the packet, as well as increasing the protection against jitter.  This temporarily inserts an additional delay (an error concealment was played in addition to the packet), but time scale modification can be used to bring the delay back to its nominal value. Figure 3 shows an example of resynchronization.
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Figure 3: Resynchronization;  If P3 and P4 never arrive, playback after PLC would proceed as normal
The aforementioned method of jitter buffer management may require calling the decoder multiple times within a packet length due to the time scale contraction operation. For example, for the jitter protection is 40 msec and a packet length is 20 msec, if a new packet indicating the end of talk spurt arrives, it is necessary to decode three packets (two in the virtual jitter buffer plus the latest packet) within a period of 20 msec.  Typically, the encoder consumes about 7 times more computation than decoder does (roughly 3 MIPS for the decoder and 21 MIPS for the encoder). If it is necessary to decode 3 packets in 20 msec, the overall computational load increases about 25%. However, there is a trade-off between the computational load and conversational delay. In computationally limited environments one can decrease the number of packets played per 20 msec, at an increase in the end-to-end delay.

5.4 Reference Implementation

In this section a reference implementation will be provided to both clearly demonstrate the principles, and to provide a fully-featured algorithm for use in network modelling and design.

6. Test and Evaluation

The reference algorithm is tested using the following test bed based on simulated jitter traces. In order to achieve reliable test result, the test consists of two parts:  a simple MOS listening test and a conversational MOS test.  The simple listening test is a one way speech listening test, in which a speech source is provided and the listener provide the score during the test.  The conversational test requires two parties, each function as the speech source and the listener, respectively.  The difference is illustrated in the following figure:
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Figure 4: Simple Listening Test





Figure 5: Conversational Test

The rational for this division is two folds: The simple listening test is more fundamental and abstract. It helps to gain the performance boundaries and necessary parameters to used in more complicated conversational test. It also helps to differentiate implementations on a very fundamental level due to the simple test configuration.  The conversational test serves as an overall evaluation on the service level for the given assumptions underlying the packet traces used for the test. 

6.1  Test Bed 

The test bed consists of two major components: the listening laboratory for the MOS test and the network simulator for the generation of the network condition on which the speech codec equipped with the jitter management algorithm is tested. [more text on the  laboratory parameters]

6.2   Simulator 

The purpose of the test is to evaluate the performance of the given algorithm for mitigating the jitter of  the received speech frames. 

[Editor’s note: description of the simulator]   

The length of the traces simulated is determined by the speech and conversational test. Nevertheless, the same trace can be used for multiple tests.
6.1  Test Conditions

Length of the simple listening test is 10 seconds and the length of the conversation test is 4 minutes.

[Editor’s Note: Test Conditions]

7
Test Results

 The  listening test was conducted, using the following speech coders: [chose one of them, david]

-
Adaptive Multi-Rate Narrow-Band (AMR-NB), in modes 6.7 kbit/s and 12.2 kbit/s,

· (Adaptive Multi-Rate Wide-Band (AMR-WB), in modes 12.65 kbit/s and 15.85 kbit/s)

      The test is performed using a packet stream that traverses a generic packet data generic network with typical HSDPA/HSUA channel  simulated by a simulator.  The IP packet contains 20 ms speech frames.  It is assumed that each AMR frame is conveyed by an RLC frame.
7.1
Results

7.2
Analysis

8
Conclusion
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