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1 Introduction
A subjective listening-only test has been performed with two different jitter buffers for a number of delay and error profiles representative for a highly loaded HSPA system.
2 Description of Evaluated Jitter Buffer Algorithms

Two jitter buffer algorithms were evaluated in this test: a semi-static jitter buffer and an adaptive jitter buffer with time scaling.

2.1 Semi-static Jitter Buffer

The semi-static jitter buffer works as follows:
· The initial jitter buffer target level is set to 3 frames.

· When an under-run occurs, then re-buffering is performed and the jitter buffer target is increase by 1 frame.

· If there was no under-run during the preceding talk burst, then the jitter buffer target level is reduced by 1 frame.
· The minimum target level is 1 frame.

· During DTX, the SID_UPDATE frames are scheduled for play-out as soon as possible.

The semi-static jitter buffer thus adapts only at speech onsets and under-runs.
2.2 Adaptive Jitter Buffer with Time Scaling
The adaptive jitter buffer uses time scaling to adapt the level also during speech.
· The initial jitter buffer target level is set to 3 frames.
· The jitter buffer uses a late loss rate target of 0.4%. This means that the jitter buffer allows for loosing 0.4% of the frames because they arrive too late to be useful for decoding.
· The jitter buffer level is controlled by the statistics of the inter-arrival jitter. If the level is too low or too high, then time scaling is used to stretch or compressed the speech respectively.

· The time scaling uses WSOLA, ‎[1].

· When increasing the jitter buffer level, the speech is stretched. The target stretch factor is +15% but the actual stretching may be both more or less depending on the characteristics of the speech signal.
· When reducing the jitter buffer level, the speech is compressed. The target compression factor is 10%, but the actual compression factor may be both more or less depending on the characteristics of the speech signal.

· If an under-run occurs, determined after 5 consecutive late losses, a re-buffering is made.
3 Example Delay and Error Profiles

A set of example delay and error profiles were used in this subjective test. The example profiles were extracted from a system simulation. The simulation was performed for the following condition:

· The system simulated both up-link (EUL) and down-link (HSDPA). EUL used 10 msec TTI.

· Calls were randomly started between two mobile users randomly placed in the area.

· The length of the calls varied. The average call length was 30 sec.

· The AMR 12.2 kbps codec was used.

· The activity factor was 50%.

· The users moved with 1 m/sec.

· The system was loaded to close to maximum capacity.
The example profiles were generated in the following way:

· Packet delays and losses were extracted for a large set of call. Each call thus gave one call profile.
· Several call profiles were selected.

· Several long delay and error profiles were generated by concatenating a few call profiles. Special care was taken to match the packet delays in the beginning and in the end of the call-based profiles. Special care was also taken into account for the beginning and the end of the longer profiles to allow for looping several times through the profiles. The profiles thus give representative delay and error characteristics for a HSPA system operating under the above described conditions.
A few long delay and error profiles were then selected for a subjective test. These profiles are described in the appendix.
4 Subjective Listening-Only Test

A subjective listening-only test was conducted according to the ITU-T specification for subjective tests, ‎[2].
4.1 Test Setup
4.1.1 Source material

The source material was:
· 4 Swedish speakers, 2 male and 2 female
· 8 sentences of 8 seconds each giving 12800 frames

· No background noise

· Recorded with 48 kHz, 16 bit mono

· The speech files were down-sampled to 16 kHz and level adjusted to -26 dBov

4.1.2 Processing

The processing was as follows:
· The speech files were down-samples to 8 kHz, converted from 16 to 13 bit PCM before processing

· The processing was performed for 18 conditions, see also Section ‎4.1.4
· MNRU processing followed the ITU-T recommendation, ‎[3]
· The 3GPP ANSI-C code, ‎[4], was used for AMR 12.2 kbps processing
· 1 frame was encapsulated in each RTP packet

· For the evaluation of the two jitter buffers, packet loss and jitter was applied to the IP packets in a similar way as described in ‎[5]
· Since the speech file was longer than the delay and error profiles, the profiles looped a few time

· The processed speech files were converted from 13 to 16 bit PCM and up-sampled to 16 kHz

· The up-samples files were filtered with the ModIRS receive filter
4.1.3 Listening

· The test subjects were a mixture of trained and untrained listeners

· 16 listeners were used, both male and female
· The speech files were up-sampled to 48 kHz before presenting them to the listener

· Each 8 second sentence was scored according to the 5-point MOS scale
4.1.4 Test Conditions

The following conditions were evaluated.

	Condition
	Description
	Profile

	C1
	Direct
	

	C2
	AMR-NB 12.2 kbps error-free
	

	C3
	MNRU 6 dBq
	

	C4
	MNRU 13 dBq
	

	C5
	MNRU 20 dBq
	

	C6
	MNRU 27 dBq
	

	C7
	MNRU 34 dBq
	

	C8
	MNRU 41 dBq
	

	C9
	AMR-NB 12.2 Semi-static jitter buffer
	3

	C10
	AMR-NB 12.2 Semi-static jitter buffer
	6

	C11
	AMR-NB 12.2 Semi-static jitter buffer
	8

	C12
	AMR-NB 12.2 Semi-static jitter buffer
	9

	C13
	AMR-NB 12.2 Semi-static jitter buffer
	10

	C14
	AMR-NB 12.2 Adaptive jitter buffer with time scaling
	3

	C15
	AMR-NB 12.2 Adaptive jitter buffer with time scaling
	6

	C16
	AMR-NB 12.2 Adaptive jitter buffer with time scaling
	8

	C17
	AMR-NB 12.2 Adaptive jitter buffer with time scaling
	9

	C18
	AMR-NB 12.2 Adaptive jitter buffer with time scaling
	10


Table 1. Test conditions
4.2 Results

4.2.1 Subjective Results
The subjective results of the reference conditions and the two jitter buffer algorithms are shown in the figure below.
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Figure 1. Subjective results
As can be seen in the figure, the adaptive jitter buffer consistently scores better than the static jitter buffer.

Detailed subjective results are found in the table below.
	Condition
	Descritption
	MOS
	95 % CI

	C1
	Direct
	4,44
	0,05

	C2
	AMR-NB 12.2 kbps error-free
	3,98
	0,06

	C3
	MNRU 6 dBq
	1,17
	0,03

	C4
	MNRU 13 dBq
	1,82
	0,05

	C5
	MNRU 20 dBq
	2,47
	0,05

	C6
	MNRU 27 dBq
	3,27
	0,06

	C7
	MNRU 34 dBq
	3,89
	0,06

	C8
	MNRU 41 dBq
	4,18
	0,06

	C9
	AMR-NB 12.2 Semi-static jitter buffer
	3,47
	0,07

	C10
	AMR-NB 12.2 Semi-static jitter buffer
	3,52
	0,07

	C11
	AMR-NB 12.2 Semi-static jitter buffer
	3,53
	0,07

	C12
	AMR-NB 12.2 Semi-static jitter buffer
	3,58
	0,06

	C13
	AMR-NB 12.2 Semi-static jitter buffer
	3,15
	0,08

	C14
	AMR-NB 12.2 Adaptive jitter buffer with time scaling
	3,78
	0,06

	C15
	AMR-NB 12.2 Adaptive jitter buffer with time scaling
	3,71
	0,07

	C16
	AMR-NB 12.2 Adaptive jitter buffer with time scaling
	3,68
	0,07

	C17
	AMR-NB 12.2 Adaptive jitter buffer with time scaling
	3,84
	0,06

	C18
	AMR-NB 12.2 Adaptive jitter buffer with time scaling
	3,29
	0,09


Figure 2. Detailed subjective results
The confidence intervals are quite small because of the large number of sentences for each condition.
The adaptive jitter buffer with time scaling outperforms the semi-static jitter buffer with about 0.15 – 0.30 MOS for these delay and error conditions.

4.2.2 MNRU

The results for the MNRU conditions are shown in the figure below.
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Figure 3. Subjective results for MNRU conditions
4.2.3 Objective Results

A few objective metrics were also calculated for the simulated conditions for the two jitter buffers.
	
	Profile
	PLR
[%]
	LLR
during active speech
[%]
	FER

[%]
	Number of under-runs
	Average buffering delay
[msec]

	Semi-static jitter buffer
	3
	0.25
	0
	0.25
	52
	45.3

	
	6
	0.66
	0
	0.66
	46
	41.8

	
	8
	0.53
	0
	0.53
	34
	37.2

	
	9
	0
	0
	0
	38
	33.2

	
	10
	2.42
	0
	2.42
	108
	67.4

	Adaptive jitter buffer with time scaling
	3
	0.25
	0.47
	0.72
	25
	43.9

	
	6
	0.66
	0.34
	1.00
	31
	39.5

	
	8
	0.53
	0.29
	0.82
	17
	37.5

	
	9
	0
	0.36
	0.36
	14
	33.7

	
	10
	2.42
	0.50
	2.92
	85
	47.0


Table 4. Objective results for the evaluated jitter buffers. (PLR = Packet Loss Rate, LLR = Late Loss Rate)
Comparing the objective results with the subjective results one can see:

· The subjective scores for the adaptive jitter buffer are better even though the late loss rate is higher than for the semi-fixed jitter buffer.

· The improvements in subjective quality for the adaptive jitter buffer are probably due to the smaller amount of under-runs.

· The average buffering delay is similar for the two jitter buffers except for profile no 10 where the adaptive jitter buffer gives about 20 msec shorter average buffering delay.
5 Conclusion

The results show that the adaptive jitter buffer with time scaling outperforms the semi-static jitter buffer by 0.15-0.30 MOS under realistic operating conditions in a HSPA system.
The improvement in quality is because of the lower number of under-runs. At each under-run occurrence, the jitter buffer with time scaling also gave shorter interruptions in the speech than the semi-static jitter buffer.
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Appendix
The delay and error profiles shown below shows examples of the delay and error characteristics that calls in HSPA may experience. The set of profiles is by no means an exclusive list of possible characteristics. Both better and worse characteristics can be expected.
Profile no 3
	[image: image3.png]Delay [msec]

Profile number 3

300

250

200

150

100

50

i
500

i
1000

1 Il
1500 2000
Packet number

I
2500

i
3000

i
3500





	Statistics

	
	Jitter range
	120 msec

	
	Average jitter
	19.8 msec

	
	Packet loss rate
	0.25 %

	
	
	


Profile no 6
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	Statistics

	
	Jitter range
	134 msec

	
	Average jitter
	30.3 msec

	
	Packet loss rate
	0.66 %

	
	
	


Profile no 8
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	Statistics

	
	Jitter range
	134 msec

	
	Average jitter
	25.2 msec

	
	Packet loss rate
	0.53 %

	
	
	


Profile no 9
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	Statistics

	
	Jitter range
	90 msec

	
	Average jitter
	19.6 msec

	
	Packet loss rate
	0 %

	
	
	


Profile no 10
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	Statistics

	
	Jitter range
	146 msec

	
	Average jitter
	38.9 msec

	
	Packet loss rate
	2.41 %

	
	
	








