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Description:

Despite the complexity built in to modern video codec standards, there is still no ideal method
to encode video sequences at an extremely low bit rate. This is a critical problem in many real-world

applications because hard constraints on bandwidth are still quite prevalent, particularly for mobile

devices. Streaming data at a higher bit rate than the channel can support results in late packets that are
simply discarded by the client. Another encoding alternative is to simply drop certain frames. However,

randomly dropping frames jeopardizes the user experience because it creates the possibility that the

most relevant section of the sequence will be lost. A more intelligent frame-dropping algorithm is
needed.

Traditionally, the quality of an encoded bitstream is measured by distortion. Distortion is

commonly defined as Mean Squared Error (MSE). Although this measurement provides an objective

assessment of the average deviation of the pixels in a frame, it does not account for perceptual quality
and user experience. In order to enhance overall experience when the encoder is forced to drop frames,

our proposed algorithm intelligently analyzes a buffer of frames and maps them directly to an encoding
scheme using a weighted Viterbi algorithm. This algorithm deviates from the standard Viterbi [ 1 ]

because it also incorporates a weighting metric - sequence relevance - on a short sequences of frames

(approximately 2-5 seconds of frames). This metric is determined by a Lagragian cost function, and is a
sum of weighted 'hints' that come from three different sources:



a) Motion analysis

e.g., scene change detection and “flashing” scene detection. Proper key frame is crucial

to motion estimation. Flashing scenes, consecutive scene changes, are hard to code and

can be represented by a subsample of scenes.
[ 1 ], [ 1 ]

b) Audio

e.g., pauses within a conversation and introduction of new speakers. Rapid movement in
a video phone section may not be relevant if there is no conversation.[ 4 ], [ 5 ], [ 6 ]

c) State of the rate controller in the encoder
e.g., buffer fullness and how likely it will be forced to drop frames. This condition will

be an indication on how many frames should be dropped. [ 1 ]

A major difficulty for this project is creating a systematic method of tracking progress. Since

our frame-dropping algorithm is designed to enhance user experience, the major criterion will be
subjective comparison. Another criterion is the PSNR measurement (between the encoded video and its

original) versus the number of frames dropped.

For each test sequence at each bit rate, we will compare three different encoding strategies, all

of which utilize the same encoder: uniform subsampling, dynamic frame dropping, and our proposed

frame-dropping algorithm. The first one will be an encoding of uniformly temporal subsample of the
original sequence. This is a common practice for reducing overall bit rate. However, decreasing

temporal correlation between consecutive frames will also decrease compression efficiency. The
second candidate for comparison will be an encoding with dynamic frame dropping. Any particular

frame will be dropped if it exceeds the buffer constraint. The last candidate will incorporate our

proposed frame-dropping algorithm whose output will be fed into the encoder. Our method will replace
the dropped frames using the standard frame-repeat method. By doing so, we preserve the frame rate at

the decoder.  Our performance metrics will consist of both objective and subjective measurements.
Objective measurements include calculating the PSNR vs. the number of frames dropped. We will also

ask our testers to rank all three encodings according to their preference for best user experience.



In conclusion, we will investigate a frame-dropping algorithm that analyzes segments of the
sequence and intelligently determines which frames can be dropped given the current buffer condition.

Our method incorporates a weighting metric based on the following hints: motion analysis, audio

information, and rate controller’s buffer condition, and if time permits, other clues such as structured
texture detection. Both objective and subjective comparison will be made against two other common

practices: uniform temporal subsampling and non uniform frame dropping.

Tasks:
Week 1:

Study more reference papers, especially those related to our hints.

Generate test sequences.

Generate encodings with other methods against which our algorithm will be compared.

Week 2:

Design and Implement methods to extract the proposed hints from video sequences.

Link the resulting hints/relevance values with the rate controller of encoder reference software.

Week 3:

Continue improving our frame-dropping algorithm. More debugging, testing.

Compare our algorithm with existing methods.

Week 4:

Conduct user evaluation surveys and obtain subjective feedback.

Prepare for demo and project report.
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