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1 Summary

This document describes the results of a realistic listening experiment, designed to compare the performance of the recently standardized ITU-T Recommendation G.718 with the AMR narrowband and wideband codecs in terms of both quality and capacity for clean speech signals within an EPS system. The listening experiment was conducted at Dynastat Inc, an independent test house and shows that ITU-T Recommendation G.718 is very likely to outperform both AMR-WB and AMR-NB in terms of quality and capacity within an EPS system. 

The experiment showed that ITU-T Rec. G.718 operating at 8 kbit/s in wideband (50 to 7000 Hz audio bandwidth) provides equivalent quality to AMR-WB 12.65 error free and significantly better quality than AMR-WB 12.65 at 4% and 6% Frame Error Rate (FER). There is also a significant capacity advantage or link Es/No advantage of approximately 3dB. G.718 operating at 8 kbit/s in wideband is statistically significantly better than AMR-WB 8.85 under all conditions. At 4% and 6% FER, G.718 operating at 12 kbit/s and in its G.722.2/AMR-WB interoperability mode at 12.65 kbit/s provides statistically significantly better quality than AMR-WB 12.65. 

ITU-T Rec. G.718 operating at 8 kbit/s in narrowband mode (200 to 3600 Hz audio bandwidth) provides equivalent quality to AMR 12.2 and at 4% and 6% FER, G.718 at 8 kbit/s in narrowband mode provides significantly better quality than AMR 12.2. There is also a significant capacity advantage or Link Es/No advantage of approximately 3dB. At 2% 4% and 6% FER, G.718 at 8 kbit/s in narrowband mode provides significantly better quality than AMR 7.95k. 

The 8kb/s and 12 kb/s modes of G.718 were decoded in the low delay mode.

2 Introduction

G.718 is an ITU-T standard [1] embedded scalable speech and audio codec providing high quality narrowband (250 Hz to 3.5 kHz) speech over the lower bit rates and high quality wideband (50 Hz to 7 kHz) speech over the complete range of bit rates. In addition, G.718 is designed to be highly robust to frame erasures, thereby enhancing the speech quality when used in internet protocol (IP) transport applications on fixed, wireless and mobile networks. Despite its embedded nature, the codec also performs well with both narrowband and wideband generic audio signals. The codec has an embedded scalable structure, enabling maximum flexibility in the transport of voice packets through IP networks of today and in future media-aware networks. In addition, the embedded structure of G.718 will easily allow the codec to be extended to provide a superwideband (50 Hz to 14 kHz) and stereo capability through additional layers which are currently under development in ITU-T Study Group 16. The bitstream may be truncated at the decoder side or by any component of the communication system to instantaneously adjust the bit rate to the desired value without the need for out-of-band signalling. The encoder produces an embedded bitstream structured in five layers corresponding to the five available bit rates: 8, 12, 16, 24 & 32 kbit/s.

The G.718 encoder can accept wideband sampled signals at 16 kHz, or narrowband signals sampled at either 16 or 8 kHz. Similarly, the decoder output can be 16 kHz wideband, in addition to 16 or 8 kHz narrowband. Input signals sampled at 16 kHz, but with bandwidth limited to narrowband, are detected by the encoder. The output of the G.718 codec is capable of operating with a bandwidth of 50 Hz to 4 kHz at 8 and 12 kbit/s and 50 Hz to 7 kHz from 8 to 32 kbit/s.

The high quality codec core represents a significant advance in quality over currently available codecs. During ITU-T Characterization testing, it was shown to provide wideband clean speech quality at 8 kbit/s equivalent to that of G.722.2/AMR-WB operating at 12.65 kbit/s whilst in narrowband coding mode, at 8 kbit/s G.718 provides clean speech quality equivalent to G.729 Annex E at 11.8 kbit/s.

The codec operates on 20 ms frames, which is identical to those of AMR and AMR-WB. It has a maximum algorithmic delay of 42.875 ms for wideband input and wideband output signals. The maximum algorithmic delay for narrowband input and narrowband output signals is 43.875 ms. The decoder may also be employed in a low-delay mode, when the maximum bit rates received do not exceed 12 kbit/s. In this case the maximum algorithmic delay is reduced by 10 ms which is between 5 and 9 ms greater than AMR and AMR-WB.  

The codec also incorporates an alternate core coding mode, with a minimum bit rate of 12.65 kbit/s, which is bitstream interoperable with ITU-T Recommendation G.722.2, 3GPP AMR-WB and 3GPP2 VMR-WB mobile wideband speech coding standards. This option replaces Layer 1 and Layer 2, and the layers 3-5 are similar to the default option with the exception that in Layer 3 a few bits are used to compensate for the extra bits of the 12.65 kbit/s core. The decoder is further able to decode all other G.722.2 operating modes. G.718 also includes discontinuous transmission mode (DTX) and comfort noise generation (CNG) algorithms that enable bandwidth savings during inactive periods. An integrated noise reduction algorithm can be used provided that the communication session is limited to 12 kbit/s.

The underlying algorithm of ITU-T G.718 is based on a two-stage coding structure: the lower two layers are based on Code-Excited Linear Prediction (CELP) coding of the band (50-6400 Hz) where the core layer takes advantage of signal-classification to use optimized coding modes for each frame. The higher layers encode the weighted error signal from the lower layers using overlap-add modified discrete cosine transform (MDCT) transform coding. Several technologies are used to encode the MDCT coefficients to maximize performance for both speech and music.

G.718 was developed in ITU-T Study Group 16 as part of an open consortium of 9 organizations; Motorola, Nokia, Ericsson, Texas Instruments, VoiceAge Corporation, Panasonic, Huawei, France Telecom, Qualcomm.

3 Description of the Experiments

The experiments were designed to study the performance of the codecs within an EPS system. It was decided to focus on interactive conversational speech applications which are likely to continue to be a major component in determining system capacity for EPS, as they are in current systems. The study therefore concentrates on the lower two bit rates of operation of ITU-T G.718 which are at 8 kbit/s and 12 kbit/s, and to compare the performance of these two bit rates with the AMR narrowband [2] and wideband [3] codecs. The following codecs/operating modes of AMR and AMR-WB were tested: AMR at 5.9 kbit/s, 7.95 kbit/s and 12.2 kbit/s and AMR-WB at 8.85 kbit/s and 12.65 kbit/s. ITU-T G.718 was evaluated at 8 kbit/s in both narrowband and wideband modes, and at 12 kbit/s (wideband) and at 12.65 kbit/s operating in the G.722.2/AMR-WB interoperability mode.

3.1 Channel simulations

Downlink VoIP transmissions were simulated for a dual port User Equipment (UE) receiver travelling at 3kmph operating in a 10MHz EPS cell with 2.5GHz carrier frequency assuming Evolved Typical Urban (ETU) channel conditions [4] and spatially uncorrelated channels for the various codec rates listed in Table 1. Also listed are the transport block (TB) sizes used, modulation scheme and coding rate optimised for Single Input Multiple Output (SIMO) operation assuming an allocation of two resource blocks for each VoIP packet and two Orthogonal Frequency Division Multiplexed (OFDM) control symbols per subframe. The TB sizes for each codec are based on the number of speech frame bits as Real Time Protocol (RTP) payload with 3 octets of Robust Header Compression (ROHC) header, 3 octets for MAC/RLC/PDCP headers and 2 additional octets for small variations in ROHC header size and/or L2 header size [5]. 

FER versus SNR curves were generated for each TB size assuming one transmission per VoIP packet and SNR points recorded at which FERs of 2%, 4% and 6% were reached. Simulations emulating the transmission of 24,000 VoIP packets were then run at these points generating packet erasure pattern files for each TB size and FER combination.

Four channel conditions were used for each codec under investigation: An error free condition and channel configurations resulting in approximately 2%, 4% and 6% FER over the duration of the concatenated speech file of all talkers and sentence pairs.

The pre-processed source speech was processed through the different bit-exact speech encoders (ITU-T G.718 in both default WB and NB modes, AMR and AMR-WB) to derive bitstream files for each configuration to be tested. The packet erasure patterns for each of the channel conditions simulated were then applied to the encoded bitstream files and then decoded with the relevant bit-exact decoders. The 8kb/s and 12 kb/s modes of G.718 were decoded in the low delay mode.

	Codec
	Modulation
	Coding Rate
	Raw Bit Rate
	Bits per Frame
	Total TB Size (Bits)

	AMR 12.2k
	16QAM
	0.29
	12200
	244
	320

	AMR 7.95k
	QPSK
	0.43
	7950
	159
	240

	AMR 5.9k
	QPSK
	0.35
	5900
	118
	192

	AMR-WB 12.65k
	16QAM
	0.30
	12650
	253
	328

	AMR-WB 8.85k
	QPSK
	0.46
	8850
	177
	256

	G.718 8k 

(default WB & NB modes)
	QPSK
	0.43
	8000
	160
	240

	G.718 12k
	16QAM
	0.29
	12000
	240
	320

	G.718 (AMR-WB INT)
	16QAM
	0.30
	12650
	253
	328


Table 1 – Modulation, Coding rate and Transport Block payload sizes

3.2 Listening Tests

The listening tests were conducted by Dynastat in North American English with three male and three female talkers, each speaking eight sentence pairs. 32 listeners were employed in eight panels of four. The speech material was presented to the panels of listeners seated at separate, visually-screened listening stations contained within a Tracoustics soundproof room with an overall ambient noise level of 30dBA Hoth. The speech material was presented monaurally over Sennheiser HD-25 supra-aural/closed-back headsets. The other ear was left uncovered. 

The listening test contained a mixture of both wideband and narrowband speech conditions in order to permit the evaluation of the relative quality advantage of wideband speech services compared to existing narrowband AMR services. Whilst mixed bandwidth testing is not common, mixed bandwidth tests have been employed successfully within the ITU-T for the characterization of codec performance where dual modes of operation are provided [6] and results for AMR and AMR-WB were presented in [7].

Figure 1: MOS Scores vs Modulated Noise Reference Units (MNRUs) for Three Different Bandwidths, Narrowband (NB – 200 Hz – 3600 Hz), Wideband (WB – 50 Hz – 7000 Hz) and Mid-band (MB – 150 Hz – 5000 Hz)
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4 Results

Figure 2 shows the Mean Opinion Scores (MOS) results for ITU-T G.718 and the 3GPP AMR and AMR-WB codecs tested at different frame error rates (FERs). Confidence intervals at 95% are also shown.

Figure 2: MOS Scores vs Frame Error Rate for ITU-T G.718 and the 3GPP AMR and AMR-WB codecs
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Different packet sizes, commensurate with the required payload sizes for each codec and including the necessary overheads, were used in the link level simulations in order to produce the FER patterns of Figure 2. It is therefore possible to present the data of Figure 2 in a form which plots quality in terms of MOS against Link Es/No values. The result of this is shown in Figure 3. 

Figure 3: MOS Scores vs Link Es/No Figures for ITU-T G.718 and the 3GPP AMR and AMR-WB codecs, tested with an ETU3 Channel at different FERs and for different packet Sizes
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The results of Figure 2 in error-free, show that ITU-T G.718 operating at 8 kbit/s in wideband mode provides equivalent quality to AMR-WB 12.65. This finding was reported in [8].

The error-free conditions in Figure 2 show a clear advantage of wideband speech services over narrowband; a conclusion similar to that provided in [7]. 

From Figure 3, it is possible to state that…

· ITU-T G.718 operating at 8 kbit/s in wideband mode provides significantly better quality than any of the modes of AMR across the EPS error profiles. 

· ITU-T G.718 operating at 8 kbit/s in wideband mode provides equivalent quality to AMR-WB 12.65 error free and statistically significantly better quality than AMR-WB 12.65 at 4% and 6% FER. There is also a significant capacity advantage or Link Es/No advantage of approximately 3dB. 

· G.718 operating at 8 kbit/s in wideband mode provides statistically significantly better quality than AMR-WB 8.85 under all conditions. 

· At 4% and 6% FER, G.718 operating at 12 kbit/s in wideband mode provides statistically significantly better quality than AMR-WB 12.65 

· At 4% and 6% FER, G.718 operating in the G.722.2/AMR-WB interoperability mode at 12.65 kbit/s provides statistically significantly better quality than AMR-WB 12.65 

· G.718 operating at 8 kbit/s in narrowband mode provides equivalent quality to AMR 12.2 and at 4% and 6% FER G.718 at 8 kbit/s in narrowband mode provides statistically significantly better quality than AMR 12.2. There is also a significant capacity advantage or Link Es/No advantage of  ~3dB. 

· At 2% 4% and 6% FER, G.718 operating at 8 kbit/s in narrowband mode provides statistically significantly better quality than AMR 7.95k. 

· G.718 operating at 8 kbit/s in narrowband mode provides statistically significantly better quality than AMR 5.9k under all conditions. 

5 Conclusion

In this document we have described the details and results of a realistic listening experiment, designed to compare the performance of the recently standardized ITU-T Recommendation G.718 with the AMR narrowband and wideband codecs in terms of both quality and capacity of clean speech within an EPS system. The listening experiment was conducted at Dynastat Inc, an independent test house. The 8kb/s and 12 kb/s modes of G.718 were decoded in the low delay mode.

The experiment showed that ITU-T Rec. G.718 operating at 8 kbit/s in wideband provides equivalent quality to AMR-WB 12.65 error free and statistically significantly better quality than AMR-WB 12.65 at 4% and 6% FER. There is also a significant capacity advantage or link Es/No advantage of approximately 3dB. G.718 operating at 8 kbit/s in wideband is statistically significantly better than AMR-WB 8.85 under all conditions. At 4% and 6% FER, G.718 operating at 12 kbit/s and in its G.722.2/AMR-WB interoperability mode at 12.65 kbit/s provides statistically significantly better quality than AMR-WB 12.65. 

ITU-T Rec. G.718 operating at at 8 kbit/s in narrowband mode provides equivalent quality to AMR 12.2 and at 4% and 6% FER, G.718 at 8 kbit/s in narrowband mode provides statistically significantly better quality than AMR 12.2. There is also a significant capacity advantage or Link Es/No  advantage of approximately 3dB. At 2% 4% and 6% FER, G.718 at 8 kbit/s in narrowband mode provides statistically significantly better quality than AMR 7.95k. 

The results of this experiment show that ITU-T Recommendation G.718 8 kbit/s core is very likely to outperform both AMR-WB and AMR-NB in terms of quality and capacity within an EPS system. 
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