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1 Introduction

This document presents rate-adaptation-related client implementation and client operation guidelines for DASH, which are proposed for inclusion in the Section 5.3 of TR “Improved Support for Dynamic Adaptive Streaming over HTTP in 3GPP”.
2 Motivation

With the development of DASH standardization progress over past several years, several rate adaptation methods in DASH were presented. For the rate adaptation methods in DASH, several techniques of detecting network congestion and spare network capacities were presented for deciding if or not switching representation levels by the DASH client. Different strategies of switching representation levels were presented, e.g. directly matching media bitrate to the estimated network delivery capacities and step-wise switching representation levels. Recently, several experimental results were reported [4] [6] [7] using the existing commercial adaptive streaming players deploying DASH similar solutions.
The target of the rate adaptation in DASH is to improve the Quality of Experience (QoE) perceived by the DASH client. The QoE in DASH may be represented by multiple QoE metrics which consist of playback media quality, interruption frequency and stability of playback media quality etc as specified in 3GP-DASH [8] and MPEG-DASH [9]. Hence an efficient rate adaptation should be designed to improve the multiple QoE metrics and to provide a good balance for improving the multiple QoE metrics in case there are conflicts in improving the different QoE metrics.
The difficulty in designing an efficient rate adaptation algorithm is to achieve a good balance between different QoE metrics as a certain rate adaptation technique and a strategy of switching representation levels may improve certain QoE metrics but decrease other QoE metrics.
This guideline presents criteria for evaluating the efficiency of rate adaptation in DASH, introduces several rate adaptation techniques and strategies of switching representation levels, and analyzes the efficiencies according to the presented DASH rate adaptation efficiency evaluation criteria. Furthermore, this document presents guideline for combining different rate adaptation techniques, deploying appropriate switching strategy, and designing an efficient rate adaptation method with respect to improving the QoE perceived by the users.

3 Guideline for Rate Adaptation
3.1 Introduction

DASH merely specifies the formats for Media Presentation Description (MPD) and media segments, while client operations, such as rate adaptation algorithm, are not specified. The operation of the rate adaptation algorithm affects the perceived quality at clients through the selection of the media segments and hence the media bitrate to be received as well as the experienced interruption frequency resulting from the selection of the media segments.
3.2 Evaluation of Efficiency of Rate Adaptation in DASH
When designing rate adaptation in DASH, one should consider if a rate adaptation method 

· is efficiently utilizing the sharable network capacities, which affects playback media quality,
· is capable of detecting network congestion and reacting promptly to prevent playback interruption,
· can provide stable playback quality even the network delivery capacities fluctuate widely and frequently,

· is enable to fill the buffered media time to reach a relatively high level for smoothing the short-term fluctuation in the network delivery capacities, which assists to provide a stable presentation quality without draining-up client buffer,
· is able to avoid bandwidth waste due to over-buffering media data, and
· is able to schedule suitable playback quality in case the client is equipped with the ability of forecasting future network delivery capacities.
An efficient rate adaptation method should be capable of providing good balance between different performances of rate adaptation in DASH listed above. The evaluation of efficiency of rate adaptation in DASH is summarized based on the experimental results and discussions reported in [4] [6] [7] and QoE metrics specified in 3GP-DASH and MPEG-DASH.
3.3 Rate Adaptation for DASH
The Section is structured as follows: 
Sections 3.2.1-3.2.4 presents four techniques as follows, which can be used to perform rate adaptation,
· Average Transmission Bitrate for Fetching Segment
· Segment Fetch Time
· Buffered Media Time
· Estimated Future Buffered Media Time
Section 3.2.5 presents the guideline for deploying the techniques presented in Sections 3.2.1-3.2.4 in rate adaptation algorithm, e.g. whether the techniques can be cooperatively used and how they can cooperate.
Section 3.2.6 presents the guideline for switching representation levels, including one-step matching strategy and step-wise switching-up/down strategy.
3.3.1 Average Transmission Bitrate Based Technique
The first technique that can be used in the rate adaptation is the average transmission bitrate for fetching a segment [1], which can be simply calculated as segment size divided by spent time duration for fetching a segment, also denoted as Segment Fetch Time (SFT).
Average_Transmission_Bitrate =Segment_Size/SFT







(1)

The average transmission bitrate for fetching a segment can be compared with the received segment media bitrate to judge if the received segment media bitrate matches the current network media delivery capacity. Here, media bitrate denotes the average bitrate of encoded bitstream contained in the segment. This guideline uses the network delivery capacity instead of bandwidth as HTTP/TCP throughput not only depends on the bandwidth but also depends on the Round Trip Time (RTT) and advertised receiver buffer size due to the TCP congestion control.
3.3.2 Segment Fetch Time Based Technique
The second technique used in rate adaptation is the ratio of Media Segment Duration (MSD) divided by SFT [2] [3]. Here, MSD and SFT denote the media playback time contained the media segment and the period of time from the time instant of sending a HTTP GET request for the media segment to the instant of receiving the last bit of the requested media segment. 
ratio=MSD/SFT












(2)
In case the ratio is larger than one, the ratio indicates that the media bitrate of the received segment is lower than the current network delivery capacity. In case the ratio is smaller than one and larger than zero, the media bitrate of the received segment is higher than the current network delivery capacity. In case the ratio close to one, the media bitrate should be closer to the current network delivery capacity. 
Both the SFT based technique, presented in Eq. (2) and the average transmission bitrate based technique presented in Eq. (1) represent a short-term measurement of the current network delivery capacity as each segment typically contains several seconds of playback duration. The advantage of the two techniques is that the rate adaptation method can quickly detect the mismatch between network capacities and media bitrate using the two techniques. But, the disadvantage of the two techniques is that the rate adaptation may result in relatively larger number of switches between different representation levels especially in case the network capacities fluctuate frequently and widely.
To cope with the disadvantages of the SFT based technique and average transmission bitrate based technique, windowing technique may be used to group multiple segment receptions to smooth the short-term fluctuation in the network capacities, such as the specifying the ratio of sum of multi-SFTs divided by the sum of the multi-MSDs to be used in the rate adaptation.
The short-term measurement of the current network delivery should be distinguished instantaneous HTTP/TCP transmission rate. The former represents the current network delivery capacity, but the later cannot represent the network delivery capacity due to the fact that instantaneous TCP transmission rate is characterized as saw-tooth shape because of the TCP congestion control.
3.3.3 Buffered Media Time
The third technique used in rate adaptation method is the buffered media time, which denotes the media playback duration buffered in the client buffer. The buffered media time can be used as an indication of safety level against buffer draining-up, denoted as buffered media time safety level, wherein higher buffered media time represents a higher safety level and vice versa. The buffered media time safety level may be compared with one or multiple thresholds and comparison results may be used as a factor which affects the rate adaption operation as the proposed rate adaptation algorithm [4]. In case the buffered media time is used in such a way, typically a rate adaptation algorithm combines one of the short-term measurements presented in Section 3.2.1 and 3.2.2, and buffered media time safety level to switch representation levels. The combination method will be presented in Section 3.2.5. 
Typically an upper limit of buffered media time is set in order to avoid bandwidth waste as client may change media clip for presentation before presenting all downloaded segments. Idling method is proposed in [2] to efficiently control upper limit of buffered media time. Setting an upper limit for buffered media time is beneficial in terms of save bandwidth, but upper limit of buffered media time should not be set too small as lower buffered media time may increase possibility of playback interruptions, especially in case the network delivery capacities fluctuate widely and frequently. As reported in [4], Microsoft Smooth Streaming sets 30s of upper limit on the buffered media time which caused multiple playback interruptions as limited buffered media time is unable to smooth the buffer draining when network delivery capacities are lower than the media bitrate of the lowest level of representation in a limited period of time.
3.3.4 Estimated Future Buffered Media Time
The estimated future buffered media time rate adaptation denotes the estimated future buffered media after receiving one or multiple subsequent segments in a certain sliding window, which can be deployed by the rate adaptation. The estimated future buffered media time may be estimated on the current buffered media time, and the estimated difference between SFTs for fetching one or multiple subsequent segments and MSDs of the one or multiple subsequent segments. An example of estimating future buffered media time procedure is presented in Section 3.3.7 for informative content.
For estimating the future buffed media time, DASH client should be capable of foreseeing that the future network delivery capacity, which may be different to the measurement/estimation of current capacity, and the SFTs for fetching the subsequent segments, which may be different to the recently measure SFT. The accuracy of the forecasting directly affects the rate adaptation efficiency. A rate adaptation method of forecasting network capacity using geographical information for vehicular environment was presented for DASH in [5], wherein the history of bandwidths are stored in combination with the corresponding geographical locations. When mobile user travels through same pass, the mobile device can forecast the future bandwidth and schedule appropriate representation level based on the forecast.
The estimated future buffered media time can be used in the rate adaptation algorithm as buffered media time safety level technique and buffered media time variation technique as presented in Section 3.3.3. The advantage of the future buffered media time method is that it not only enables the rate adaptation method to adapt media bitrate in advance but also reduce the number of representation level changes to provide more stable playback quality compared to the rate adaptation method deploying the buffered media time technique presented in Section 3.3.3. The reason is that the future buffered media time method enables the rate adaptation algorithm to select an appropriate representation level based on the estimated future buffered media time and avoid the unnecessary switching-up/down representation levels due to short-term fluctuation in network delivery capacity.

3.3.5 Combination of Techniques for Rate Adaptation in DASH

A rate adaptation algorithm should use one of the Transmission Bitrate for Fetching Segment presented in Section 3.3.1 and the ratio of Media Segment Duration (MSD) divided by SFT presented in Section 3.3.2, instead of using them together. The reason is that the two techniques in principle represent the same technique as both are derived from the measurement of SFT.
A rate adaptation method may combine the buffered media time, which is used as an indication of safety level as presented in Section 3.3.2, and one of the short-term measurement presented in Section 3.3.1 and 3.3.2 to switch representation levels. Paper [4] presented a rate adaptation method of combining buffered media time safety level technique and average transmission bitrate based technique. In [4], the rate adaptation method classifies multiple safety levels against buffer draining-up based on the buffered media time fullness level relative to the predefined upper limit. For the classified multiple safety levels against buffer draining-up, different conservative factors are applied to the short-term network delivery capacity estimation to determine the final maximum media bitrate and representation level. 

Figure 1 shows an example of combination of buffered media time safety level and SFT technique presented in Section 3.3.2. In this example, buffered media time is classified into low safety level, media safety level and high safety level, which are assigned with a buffer safety factors with less than 1, equal to one, and larger than one, respectively. The buffer safety factor is applied to the ratio presented in the Section 3.3.2 to derive the buffer safety level-aware ratio as shown in Figure 1.
[image: image1.emf]High safty 

level

Medium 

safty level

Low safty 

level

factor safety buf

SFT

MSD

ratio _ _ * ) (



1 _ _



factor safety buf

1 _ _ 0   factor safety buf

1 _ _



factor safety buf


Figure 1. An example of combination of buffered media time safety level and SFT technique
3.3.6 Representation Level Switching Strategy

Rate adaptation procedure can be regarded as procedure of switching representation levels, as DASH specifies multiple representations each of which represents a specific playback quality level in terms of spatial resolution, temporal resolution and media bitrate.

In general, there are two strategies in switching representation levels. First, the rate adaptation algorithm matches the media bitrate of the representation to the estimated network delivery capacity in one-step, denoted as one-step matching strategy in this guideline. Paper [1] presented a rate adaptation algorithm which uses the one-step matching strategy. According to the experimental results reported in [6], the Adobe Dynamic Streaming deploys a similar strategy to match the media bitrate to the network delivery capacity. Frequent and large scope of fluctuations in the representation level was experienced in Adobe Dynamic Streaming as reports in [4] for example adapting bitrate directly from 100Kbits/s to 4500Kbits/s and from 4500Kbits/s to 100Kbits/s. Such a frequent high level of fluctuation in playback quality is likely to be annoying for users, hence, it is recommended to avoid using the one-step matching strategy especially for switching-up representation levels.

Second, the rate adaptation deploys step-wise switch-up/switch-down strategy to progressively switch-representation level. Paper [2] presented a rate adaptation algorithm which uses step-wise matching strategy. According to the experimental results reported in [4] [6], Microsoft Silverlight player using Smooth Streaming, and Apple HTTP Live Streaming (HLS) deploys step-wise switching strategy, that it progressively increases quality, instead of instantly jumping into quality level whose bitrate is closest to the current network delivery capacity.

The advantages of the step-wise switching strategy include following two aspects. First, smooth presentation quality change can be achieved during rate adaptation. Second, step-wise switching up strategy assists to fill the client buffer to reach a safety level in terms of preventing playback interruption.
Figure 2 shows an example of comparison of strategies of the step-wise switching, shown in (a) and the one-step matching, shown in (b), wherein the upper two figures presents the media bitrate evolution progress over presentation time and lower two figures presents the buffered media time evolution progress over presentation time. As shown in the Figure 2 (a) and (c), the step-wise switching strategy can progressively switch up representation levels step-by-step, hence the buffered media time can increase to a higher level during such a step-wise switching-up, e.g. from 70s-90s. As buffered media time reaches a higher level with the step-wise switching-up, the buffered media time can smooth the variations in the SFTs without switching-down representation levels due to short-term bandwidth fluctuation from 115s-130s. In contrast, the one-step matching strategy, as shown in Figure 2 (b) and (d), directly matches the media bitrate to the estimated delivery network capacity, hence the buffered media time cannot increase to a high level. As buffered media time remains at a lower level and cannot smooth the variations in the SFTs  as shown in (d), the representation level has to be switch-down near 100s and 130s to react to the short-term bandwidth fluctuation from 115s-130s. This example and the Figure 2 are developed based on the experimental results and discussions reported in [6] [4].
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(a) Step-wise switching strategy






(b) one-step switching strategy
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(d) one-step switching strategy
Figure. 2. Media bitrate and buffered media time evolution progress over presentation time
The representation level switching strategy should be designed by taking into account the tradeoff problem between reducing the count of playback interruptions and reducing the number of representation level changes. A useful method to solve the tradeoff problem is to develop a safety-level-aware switching decision solution. In case the buffer safety level against buffer draining-up s high, the switching strategy can be designed to deploy a conservative switching decision to reduce the number of representation level changes for providing stable playback quality. In case the buffer safety level against playback interrupt is low, the switching strategy can be designed to sacrifice the stability in the playback quality and deploys aggressive witching decision. As experiment results reported in [6], buffer-safety-level-aware switching behaviors were reported in Netview’s player. In case rate adaptation uses such a strategy, it is recommended to set a relatively large upper limit in the buffered media time in order to provide a stable playback quality.
The representation level switching strategy should also be designed by taking consideration of the tradeoff problem between improving bandwidth utilization level and improving bandwidth utilization efficiency. A useful way of addressing this tradeoff problem is to develop a quality level aware switching decision making solution. In case current playback quality level already reached to a relatively high level, the switching strategy can be designed to deploy a conservative switching-up decision making solution. Such a way relatively high bandwidth utilization level and bandwidth utilization efficiency can be obtained. As our knowledge, experimental results regarding quality aware switching decision making solution haven’t been reported, but it would be beneficial to DASH delivery system as follows. First, quality aware switching decision could increase bandwidth utilization efficiency in terms of improving playback quality to all users. The reason is that the larger bandwidth should be consumed to achieve an equivalent quality improvement by users as representation level reach to higher level. This is why the bitrate changing step typically was set to increase as representation level reaches to a higher level. Second, the quality level aware switching decision making solution should be beneficial with respect to providing a good fairness between different clients competing for common link bandwidth.
3.3.7 Example of Estimating Procedure of Future Buffered Media Time
Figure 3 shows an example of future buffered media time estimation procedure, which includes the estimated buffered media time at time after receiving one future segment denoted eBMT@t_rec(n+1) and the estimated buffered media time after receiving two future segment eBMT@t_rec(n+2).

Step1: At the current time t_rec(n), the segment #n is received with SFT(n) and the positive buffered media time variation after receiving the segment #n (+BVar(n)), the buffered media time after receiving the segment #n was changed to BMT@t_rec(n) from the buffered media time before requesting the segment #n, i.e., BMT@t_rec(n-1). Here, the vertical lengths denote the playback media duration (s) and time duration (s).

It is assumed that the DASH client enables to foresee the short-term network resource variations for fetching the subsequent segments and specify the estimated SFTs at the time after receiving segment #n+1 and segment #n+2 as eSFT(n+1) and eSFT(n+2), respectively.

Step2: Based on the eSFT(n+1), the future buffered media time at the time after receiving segment #n+1, i.e.  BMT@t_rec(n+1), can be calculated by adding the difference of the MSD and SFT(n+1) to the BMT@t_rec(n) as shown in Figure 3. Similar procedure can be applied to estimate the BMT@t_rec(n+2).
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Figure 3. An example of future buffered media time estimation procedure
4 Proposal

We propose to include the presented guideline for rate adaptation in Section 3 into Section 5.3 of TR “Improved Support for Dynamic Adaptive Streaming over HTTP in 3GPP”.
5 References
[1]
 Färber Nikolaus, Döhla Stefan, and Issing Jochen, “Adaptive progressive download based on the MPEG-4 file format,” In Proceedings of International Packet Video Workshop 2006 published as Journal of Zhejiang University Science A, Vol.7 Suppl. 1, pp.106-111, 2006.
[2] Chenghao Liu, Imed Bouazizi and Moncef Gabbouj, “Rate adaptation for adaptive HTTP streaming,” Proceedings of ACM MMSys 2011, Special Session: Modern Media Transport, Dynamic Adaptive Streaming over HTTP (DASH), San Jose, California, 23-25 February, 2011.
[3] Chenghao Liu, Imed Bouazizi, Miska M. Hannuksela, and Moncef Gabbouj, “Rate adaptation for dynamic adaptive streaming over HTTP in content distribution network,” Signal Processing: Image Communication, Volume 27, Issue 4, April 2012, Pages 288-311.

[4] Christopher Mueller, Stefan Lederer, and Christian Timmerer, “An Evaluation of Dynamic Adaptive Streaming over HTTP in Vehicular Environments,” Proceeding of the ACM Workshop on Mobile Video, Chapel Hill, NC, USA, February 2012.

[5] Haakon Riiser, Paul Vigmostad, Carsten Griwodz, Pål Halvorsen, “Bitrate and video quality planning for mobile streaming scenarios using a GPS-based bandwidth lookup service,” Proceedings of the IEEE International Conference on Multimedia and Expo (ICME), Barcelona, Spain, July 2011
[6] Haakon Riiser, Håkon S. Bergsaker, Paul Vigmostad, Pål Halvorsen, and Carsten Griwodz, “A comparison of quality scheduling in commercial adaptive HTTP streaming solutions on a 3G network,” Proceeding of the ACM Workshop on Mobile Video, Chapel Hill, NC, USA, February 2012.
[7] Saamer Akhshabi, Ali C. Begen, Constantine Dovrolis, “An experimental evaluation of rate-adaptation algorithms in adaptive streaming over HTTP,” Proceedings of ACM MMSys 2011, Special Session: Modern Media Transport, Dynamic Adaptive Streaming over HTTP (DASH), San Jose, California, 23-25 February, 2011.
[8]
 3GPP TS 26.247 Release 10: “Transparent end-to-end packet-switched streaming Service (PSS); Progressive download and dynamic adaptive Streaming over HTTP (3GP-DASH),” Dec. 2011.
[9]
 ISO/IEC, “Dynamic adaptive streaming over HTTP (DASH)-Part 1: Media presentation description and segment formats,” ISO/IEC 23009-1, 2012.
- 9/9 -

