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1 Introduction
As the wireless world evolves from 3G to 4G, it is important that customers of the next generation wireless communication technologies realize a marked improvement in their user experience during mobile-to-land and mobile-to-mobile voice-calls. To achieve this, next generation vocoders must provide more natural sounding voice coding quality, better error resilience, and improved handling of non-speech signals such as music during “ring back” or “hold” than vocoders presently deployed.
One of the objectives of the current study item on enhanced voiced services for EPS is to specify codec requirements to achieve service and system requirements identified by SA1 [1].  One such requirement identified by SA1 is “significantly better service quality than is possible with both release 8 3GPP narrowband and wideband voice services” [6].  In this contribution, we describe the importance of improved in-call music handling capability in the EVS codec in order to significantly improve upon release 8 narrowband and wideband services under specific use cases.  We also propose desirable requirements in terms of quality, algorithmic delay, and complexity for such codecs.
2 Music in a Voice Call

Although EPS will provide the opportunity to use a dedicated channel for music, for some time to come there will continue to be situations in which signalling the switch to music will not be possible.  Consequently, there are several instances where it may be necessary to transmit music signals over a voice channel during a voice call. In this section, we list a few of them.
2.1 Custom musical ring back

For a small fee, several telephone service providers offer a “musical ring back” feature to their customers. When subscribers equipped with this feature are called, the calling party hears a musical ring back tone while waiting for the subscriber to pick up the phone. This is a popular feature offered to telephone customers in many parts of the world. Several enterprise customers may prefer advertisement material with mixed music and speech content to be played to callers during ring-back.
2.2  Music on hold
Music-on-hold is one example of music over voice service that is commonly used in customer service applications by many large enterprises. When calling customers are placed on “hold”, the business may want music or advertisements with mixed speech and music content to be played.
2.3 Live music transmission


Next generation phones may include a unique feature that would allow users to hold up their phones to a source of music and share it in real time with their friends and contacts. From real time music jamming to sharing the latest piano achievements of their children with friends and relatives during a live phone call, this attractive feature would expand the uses of a mobile phone beyond personal voice communication.

In short, music is commonly transmitted over voice service.  Although the content in this case is not voice, the service category is clearly “voice service” as no other service is required to support transmission of music in this way.  In MTSI terminology, only the speech component of MTSI is required for this service [7].
3 In-call Music Quality in Existing 3GPP Networks
The quality of the in-call music is largely determined by the codecs that are employed for coding the music signal. If the calling party is a mobile terminal, then the music delivered to the calling party during “ring back” and “hold” is typically encoded by the vocoders in the base-stations or media gateways. These vocoders are typically low bit rate, human speech production model based coders optimized to encode human voice. As a result, the quality of music delivered to the calling party is often very poor.  
Performance characterization of existing 3GPP codecs for music signals has demonstrated that the subjective quality of music with traditional vocoders (e.g., AMR-WB) at low bit rates (below 24 kbps) is poor [2]. The quality of the coded music signal can be significantly improved if coders such as Enhanced aacPlus [3] or AMR-WB Plus [4] are employed for coding these signals. However, these coders typically have large algorithmic delays, and are therefore not suitable for conversational services.  Furthermore, Enhanced aacPlus does not code speech signals very well, especially at low bit rates.

4 Improving in-call music in Next Generation Networks

One solution to the problem stated in the previous section is to use a dedicated codec such as one of the 3GPP Audio Codecs [3]
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[4] the for transmission of music to the mobile terminal during “ring back” and “hold” and then switch to the conventional vocoder for human voice signal. The following are the limitations of this solution:

1. The above solution of using two codecs would work only when an explicit “ringing in progress” and “answer” signal is made available to the calling party during ring back and the start of the voice conversation and an explicit “hold” signal is made available to the party being placed on hold.   
2. The network entities at the calling party and the called party would have to implement the same audio codecs. Otherwise, transcoding would become necessary and the quality of the coded music would be limited by the lower quality codec.
4.1  Calls to a terminal on legacy CS system
During calls between terminals A on a legacy CS system and other terminals (B, C or D) as shown in Figure 1, the voice traffic is routed through the PSTN. In the PSTN, the voice traffic is carried as 8 KHz sampled, 64 kbps, PCM data from the switch at one end (B) to the base station at the other end (A). If terminal A is the “called party”, the source of the musical ring-back is a media server in the switching center of the called party, A. The ring back signal and voice from terminal A (when A picks up the phone) are both transmitted over the same channel through the PSTN and are indistinguishable to the media gateway. Likewise, if terminal A places the call on hold, the switch at the other terminal’s end would route the “on-hold” music signal from the media server over the voice channel to B’s or C’s base station. 
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Figure 1:  Voice communication scenarios 
In a CS call (B calling A) over the PSTN, an explicit signal to indicate the transition between “ringing in progress” and the beginning of voice conversation (ISUP Answer message) is usually available to the BSC associated with B. If the calling party is connected through a VoIP network (C or D calling A), then the ISUP Answer message (ANM) is interpreted by a signaling gateway and forwarded to the MGCF. This message can then be conveyed to the BSC associated with the calling mobile terminal.  To enable switching codecs between ring back and voice, the calling party BSC would have to transmit an “out-of -band” alerting signal to the mobile terminal. Even if methods for out-of-band alerting are available, many infrastructure vendors do not implement this on the downlink. Over the downlink, it is very common to transmit ring-back tones/ music in-band as vocoder data.  

When terminal A places the call on hold, the switch at terminal A’s end usually does not explicitly send a “hold” signal to the other end. Therefore terminals (B, C or D) that are in a call with A do not have a way of knowing whether they have been placed on hold.
Since the infrastructure providing the music (the media server) is typically within private enterprises, it must be assumed that many of these enterprises will continue to deliver music over legacy voice services – for example, over the POTS – for some time to come due to the large equipment costs involved in re-designing their systems.

In the absence of such control signals, it would not be possible to use a dedicated codec like one of the 3GPP audio codecs for transmission of music to the mobile terminal during “ring back” and “hold” and then switch to the conventional vocoder for human voice signal. Under these circumstances, it would be ideal for next generation network entities to deploy a codec that is optimized to encode both speech and music signals with high fidelity.

4.2  Calls over Packet Switched Networks

Next generation calls are largely expected to be over packet switched systems. In other words, when one next gen terminal calls another next gen terminal (for e.g., in figure 1, a call between terminals C and D), the call routing would take place entirely across the packet switched internet. The advantages of voice over IP include potential transcoder free operation (through codec negotiation), possibility of wideband and super wideband voice communications, improved portability, and enhanced features like call forwarding, call waiting, QoS etc. 
During a VoIP call, RFC 3960 [5] requires that a terminal generate ringing tones locally for its user as long as no early media (announcements or musical ring tones) is received from the server. If the server generates early media then the terminal is supposed to play it rather than generate the ring tone locally. 

Typically, in such a VoIP based call, the transition between “ringing in progress” and “call answered” (200 OK) is signaled to the calling party. Likewise, when a terminal is placed on hold, an explicit signal is made available to indicate the same. Therefore, the two parties in the call can choose to use a different codec for music signals than for the voice during “ring back” and “hold” through SDP negotiation. This may seem to suggest that switching media types (and consequently, codecs) for voice and music signals is an attractive option. However, it may still be desirable to use a single codec instead due to the following reasons:
1. A next gen network entity cannot assume that all other remote network entities will choose to support explicit “ringing/hold” signals. The music signals coming from the latter to the former will be carried in the voice channel. If the network entity chooses to implement the EPS codec that can also code music signals with high fidelity, then the quality of music delivered to customers during ring back and hold will be consistently good.
2. Switching media type between voice conversation and music during ring back or hold would involve codec negotiation. The network entities corresponding to the two terminals in a call would have to implement a 3GPP audio codec  [3]
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[4]. Then, during ring back or hold, the music signal could be encoded using this codec by the network entity where the source of the music resides and transmitted to the other end. However, some next-gen network entities may choose not to implement a separate audio codec for this purpose. In this case, having a codec that can handle both speech and music signals solves the problem. Deployment of such a codec allows the network entity generating the music source to encode the music signal using the same codec that is used to encode voice without compromising music quality. Therefore high quality music can be delivered to the terminal at the other end without employing a dedicated, separate audio codec or switching media types.
5 Codec Requirements
In the previous sections, we have described why it is desirable for the EVS codec to retain high quality when given a music signal as input . If the EVS codec is designed as a switchable codec that uses two different coding modes to encode speech and music signals employing a real time mechanism to choose the appropriate mode based on the input, then the delay requirements need to be similar for both music and speech coding modules to account for the possibility of switching errors. In terms of quality of music coding, SA1 requirements are such that the EVS codec should yield a coded music quality that is significantly better than what is offered by the present generation of 3GPP narrowband and wideband vocoders.
The following changes to the draft of TR 22.813 are proposed to represent these requirements:
6.1.1 Quality for mixed content and music

In order to retain music quality when interoperating with legacy CS networks (such as the PSTN), or when interoperating with networks that do not support signaling the start and stop of music, mixed content and music coded by the EVS codec should have quality that significantly better than pre-Release-9 3GPP speech codecs.  The delay requirements for coding mixed content and music should be the same regardless of the nature of the input content.
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